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307 KNOCKS OFF
ALLCOMPETITION
SCiBntiFiC HM 307 winner of

WISITEX '81 First Prize and still the only

portable scope with a single touch

component tester.

THE LATEST BOOKS-KITS
ARE AVAILABLE WITH US

SEMICONDUCTORS ^
NATIONAL

nc/i
INTERSIL FAIRCHILD

ZILOG-'GE- ANALOG DEVICES SIEMENS- INTEL

SGS. ATES SILICONIX - TELEDYNE COOK BOOKS
OSAORNE BOOKS SYBEX BOOKS - TAB BOOKS
SAMS BOOKS - TOWERS BOOKS AND APPLE

COMPUTER BOOKS

PLEASE WRITE FOR DETAILS

ELTEK
BOOKS-N-KITS
6. RITCHIE STREET. 1ST FLOOR.
MOUNT ROAD. MADRAS-600 002

We also stock ELEKTOR INDIA kits & back issues.



EtCiAr

68, Hadapsar Industrial Estate, Pune 411 013.
Phone: 70428, Gram: ELC1AR

resistors

Neotroniks Pvt. Ltd.

INTIMATE FRIENDS OF
AN ELECTRONIC ENGINEER

Diamond ADHESIVE

DESCIDEHING Threat

Wire Wound Resistors—
Vamish/Silicone Coated:

For Electronic instruments. Professional equipments.

Power supplies. Audio amplifiers. Cassette decks.

Radios. TVs and Fan regulators.

Non Inductive Power Resistors:

For Thyristor drives. Control panels. Induction heating

furnaces and for test loading of Audio equipments.

Adjustable Resistors/Predsion Wire
Wound Resistors:

Available against specific requirement.

301 Revva Chambers New Marine Lines

Bombay 400 020 Phone: 256076.

LOW COST
HIGH QUALITYITV



APLAB
becomes a
cover story

in Britain

too!
A few months ago 'ELECTRONICS &
COMPUTING', a leading UK monthly

in electronics put AP LAB'S 3337

Oscilloscope on its cover and made it

a lead story

Three page Technical Feature covering

report on its performance by an

independent agency was exactly as

expected - very very complimentary*

Being on the forefront is not new for

APLAB. Our esteemed customers here

have always put us there. But to be

on the cover in England is what would

make all INDIANS proud. We thought

we should tell you, specially since it

is the very first Indian Electronic

Product to become a cover story in

(•For getting a complimentary copy of the

three page Review Article by Mr. David

Green, just drop us a line).

Applied Electronics

Limited
Aplab House, A-S Wagle Industrial Estate,

Thane 400 604 Phone : 591861 (3 lines)

Telex : 011 -71979 APEL IN

LEADERSHIP THRU’ TECHNOLOGY

>2.09



The Motwane 4’/s Digit Multimeters DM-45Q
I and 451 are as good as the best in the world.
! Developed in our inhouse R S D laboratory.
these DMMs compare in terms of reliability,

|

efficiency, performance, quality of design and
manufacture: or simplicity in operation—with
the Prime. The MotwaneDM-450/451 offer a
host of features, the most outstanding of

which are:
True R.M.S. volt and current measurements

|

over a wide frequency rangelModel DM-450).
1 O microvclt resolution on AC and DC

|

Imposing accuracy—Sasic of 0.03°<6 of read-
i Ing + 1 digit and low Tempco.

B.C.D. output for systems capability.

Full protection against inadvertent overload.
Sleek plastic casing for the most effective
sealing, longer lasting good looks.making the

i

instruments practically unbreakable,
i

Duality that's exclusive, at a price that's not.

These 4’/s digit. 5 function. 27 ranges DMMs
measure upto 1 OOOV on AC and DC. 2 Amps
on AC and DC and 20 Megohm. With careful
component selection, sophisticated L.S.I. tech-
nology and ultra precision resistors, they
guarantee excellent long term stability, quick
response time and greatest reliability.

Since instruments of this kind are most often
I used as a secondary standard, recalibration

I intervals are longer. These DMMs naturally

I include automatic polarity and zero. Hi Lo
ohms, have only two terminals and are human
engineered for the simplest, yet most efficient

I operation.

Anticipating your future need to build a
system around these instruments, also avai-

lable are the following optional accessories:
Digital limit comparator for go-no-go checks.

Digital printer for hard copy
A simple quick mate iig for speedy D.C
tests.

TheDM-450 and 451 perform better because
they are built better. We had you in mind
when we designed them.

For further details write to:

THE MOTWANE MANUFACTURING
COMPANY PVT. LTD., at Gyan Baug,
Nasik Road 422 101 Tel : 86297/
86084 Telex: 752- 247 MMPL IN

Grams: MOTWANE or Gyan Ghar.Plot 434 A. 14th
Road. Khar, Bombay-400 052.Grams: MOTESTEM.

MOTWANE

Designation
Company
Address -

Telephone Telex

SELLADS.MMC.12.84

.21
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OUR SERVICES:
CIRCUIT DIAGRAM TO LAYOUT.

LAYOUT TO ARTWORK.

ARTWORK TO NEGATIVE. POSITIVE.

SOLDER MASKING. LEGEND PRINT.

©
ELECTRON

7/10. BOTAWALA BLDG .
3RD FLOOR

HORNIMAN CIRCLE. BOMBAY -400 023
PHONES: 315929. 315825

Sonika
|



0. K. INDUSTRIES ..U.S.A.

FANS
RF 4120-115/230

The RF 3 1 20- 11 5/230 and RF 41 20- 1 15/230
ore Doth long-life High pertormonce tons for

any general cooling purpose

Features

• 80-l05CFMo»movement
• 4 70" (I 19.5mm) square* 15r(38.5mm)

Outstanding Performance
• Standard (high) speed fans naveon

extremely high airflowcompared to other

fans of identical dimensions.

• Lowspeed offers ultra low noise and
low-ieoirftux type design

• Alalummium die-cast

• The fans con bemounted on either suction

or discharge side

• impeconce Protection

• Nodomogewilioccurtothewiringeveni!
the rotating parts are restricted

• Extremely low noise level

Extra long hfe

• FAnmum service life 20.000 hours at55°C
(130°f)

• Mnmxxn service life 10.000 hours at 70”C
0S8T)

WideRonge of Operating Conditions.

• Highest quontynsulating materials
• Low winding temperature
• *ghoutp>4 torque
• Highest grade sleeve bearings
• Widetemperaturerange -3CTC to7CTC
(-22^10 1561)

APPLICATION

• Computers (CPM. Peripheral& Terminal

Equipment)
• ESS (Electronic Switch System)
• Oatocommunications termlnol

equipment
• Office Machinery.ApplioncesSCopying
Mochnes

• Measuring inst.uments.

• Numerical control (NC) units.

• PowerUnits.

• Acoustic equipment.
• Automaticvending machines.
• Air-conditioning Sheafing apparatus.

BALAJI ENGINEERING CO. BALAJI ENTERPRISES,
1 95, Brigade Road B-1 5. Prashanth Apartments.

Bangalore-560 001 Macintyre Road.

Phone : 5241 1 Secunderabad-500 003. Phone : 77490

*G00D NEWS FORJIP ENTHUSIASTS

ASSEMBLE VOUR OWN 8085A BASED jlP HIT
1

FEATURES:
* Double side Glass Epoxy Board
* All Components provided
* Memory Available IK RAM 4K ROM
* Provision for Expansion RAM to 4K ROM to 16K
*28 + 4 User Defined keys
* 8253 TIMER
* TWO I/O Ports
* ADDRESS & DATA BUS Available for Expansion
* Complete Software & Users Manual Provided
* Fully supported by Circuit Diagram Literature.
* High Intensity 6 Digit LED Display
* RS232C Serial Communication

• Moulded In Terminals
• Double Ball Detent
Mechanism

• Compact Size And
Rugged Construction

• Adjustable Stop
• Silver Contacts
• Totally Enclosed
• Rated For 2A - 125 V AC
Available In

• Single Pole — 8 Positions
• Double Pole — 4 Positions

• Four Pole — 2 Positions

For More Information. Contact:

SWITCHCRAFT
54/55. Crescent Mansion.
Gamdevi Road. Bombay-400 007

1 Phone: 357635

SWITCI

RUSH VOUR ORDERS TO:

M/S. GEETA ELECTRONICS,
2nd Floor, Avenue Road,
BANGALORE-560 002.

Phone: 70503, 27855.We Also Manufacture
Miniature

Toggle Switches

Dealers To Be Appoint



HM 203
HM 204

Scientific announces two new additions to its trusted and
time-proven range of HM Series Oscilloscopes. HM 203

and HM 204 Dual Trace 20 MHz Oscilloscopes. These sleek

new low-line portables incorporate the latest in

international product design and features a 140 mm
rectangular flat-face CRT with illuminated internal

graticule, 8 x 10 cm display, high 2 mV sensitivity and 20

MHz bandwidth, HF triggering up to 50 MHz, single touch
component tester, sweep delay, and many more features

never before available in this price range.

So remember HM 203 and HM 204, when you order an

oscilloscope next. You will be glad you did.

scientiFic
the affordable

portables !

Manufactured by:

SCIENTIFIC MES-TECHNIK PVT. LTD.
Formerly known at: SCIENTIFIC INSTRUMENTS (INDORE) PVT. LTD

B-14. Pologround, Industrial Estate. Indore 4S2 003
Telephone: 31777. 31778; Cable. SCOPE. Telex: 0735 267

Customer Services at :

WE OFFER FROM STOCK
! I.C.'s : til. CMOS, MOS, LSI,

Microproccessor. Micro computer etc.

Zener Diodes : 400 mw & 1 Watt

LED S : Red, Green, Yellow in

5mm and 3mm dia

1C Sockets : SMK & Memorex make

Trimpots :

Multiturn Bourn's, VRN & Beckman make

Single Turn cermets :

EC as well as imported

Floppy Discs :

8“ as well as mini floppy of memorex,

& dyson make

ELECTRONICS
CORPORATION

Pushpdant Niwas 3rd Floor, 3, Chunam Lane, Dr. D. Bhadkamkar

^rg. Bombay-400 007. Phone : 5137225, 5135845

LARGEST
SELLING

DESOLDERING PUMP
Internationally 1B1I 11 \A/ith
Accepted HM

1 ,

UI
.

Unmatched
Performance

INDUSTRIAL RADIO HOUSE
12. Gandhi Bhavan, First Floor. Chunam Lane.

Off. Dr. Bhadkamkar Marg. Mumbai - 400 007



VU METERS
FOR EVERY APPLICATION

Conned the component to the terminals. VLC
the digital reading of value and its loss fador

FOUR TERMINAL measurement eliminates Ini

resistance. GUARD TERMINAL provided elimii

PATEL'S

ANALOG S DIGITAL MEASUREMENT CO. PVT. LTD.

A-6. Functional Electronic Estate.

Bhosari Industrial Area.

Poona 411 026 (INDIA) Phone : 83324

Vasavi Electronics
(Marketing division) .

. 70995
630. Alkarim Trade Centre . Ranigunj

SECUNDERABAD-500 001 9™s: VELSCOPE



tea leaves. . .

Looking in our tea cups, we did

not feel like starting the new year

with reflections on super-chips or

solid-state audio, but decided to

wait and see how last year's tea-leaf

patterns in this respect will fare.

So, what would we like to muse
over? Well, the first point is the

state of technological development.

This is still accelerating at an

increasing rate: the super-chip of

today is the standard chip of tomor-

row. We regularly receive letters

with cries for help like: "Help! I

stopped my subscription two years

ago, but because of withdrawal

symptoms I have recently recom-

menced it. But I don’t understand

the circuits any more! .

.

If we give free rein to our gaze into

the future, we must assume that

intelligent machines, far-reaching

miniaturization, and affordable

prices will become the norm.

The second point is: where will we
find ourselves in 1985? One thing is

certain: new devices and equip-

ment no longer amaze us. The

housewife will have a

microprocessor-controlled

microwave oven which automati-

cally weighs the food and sets the

appropriate temperature. All she
has to do is to indicate that she is

putting in a chicken and the oven
does the rest. Or does it? The first

time the oven is being used, you
hear cries from the kitchen "Why
is that stupid thing not working? It

is program three. . .chicken. .

.

well then, why don’t you start? Oh,
the door was not closed properly.

Sorry!" Click.

So, we are no longer overwhelmed
with wonder, but we do remain
critical. If a ’stupid thing' does not

do what we expect it to do, it’s no
fun any longer.

Utensils and crazes

When something is new and not

too expensive, it sells. With some
luck (and a lot of publicity) it may
become a craze. Or a fashion. Or a

normal utensil for everyday use.

What’s the difference?

Why were newton’s marbles, the

hula hoop, and the rubik cube
crazes? Why were the charleston,

the mini skirt, and aluminium lug-

gage racks in fashion? Why are

telephones, automatic washing
machines, and zips utensils? The
difference appears to lie in the

user-friendliness. Utensils are just,

well, handy. They make it possible

to do something you wanted to do
in an easy manner. They have a

purpose, they meet a need. Crazes
and fashions are, initially, exciting,

but after a while the novelty wears
off — and all of a sudden they are

no longer useful, or user-friendly;

just plain dull.

Which brings us to the home com-
puter. Craze or utensil? As they are

now, we would say: craze. They arc

affordable, exciting — even addic-

tive. If you manage to work with

them you continue doing so.

Sometimes until two or three in the

morning. But why? And here's the

crux of the matter. Because those



‘stupid things' do not understand —
and therefore don’t do — what you

want. They are not user-friendly.

And that’s why most computer
owners get fed up with their

machines. The standard games are

boring and the ‘family memory’
was far more accessible when it

was contained in the telephone

book. Home programming is not so

hot either. So?

In nine out of ten cases, the com-
puter is put away in a cupboard.

Nice when you have visitors, but

for the rest ... In the remaining

one case, some interest remains.

Elektor readers are prominent

here. They want more. For them the

computer is a hobby, not a utensil.

For that, it is not yet sufficiently

user-friendly.

|

The future

Back to the tea leaves. What can

we expect? Which crazes will

come and go? What utensils will

come and become ‘normal’?

As we said, the cheap home com-

!
puter appears to have all the

hallmarks of a craze. The new MSX
sets promise to become one hell of

a craze: they are almost ‘real’, there

are promises of much software, and
they are not too expensive.

But. . .user-friendly? No, not really.

Do they meet a real need? No, not

really.

What about that pocket-diary-in-a-

wristwatch recently launched by

Seiko? There is some doubt here.

An ‘old-fashioned’ diary is cheap

and convenient, and you can enter

or alter information in it without

first having to read the operating

instructions. And yet, a watch is

always with you, while a diary may
accidentally be left at home.

What are our real needs; in what

direction should we look for future

utensils? Let’s see:

Peace and quiet. A noise

eradicator would be very

desirable. Built into your easy chair,

or at the head-end of your bed.

Technically, it is quite feasible, but

as yet very expensive.

Communication, but selective.

This is a wide field, but to name
one aspect that is definitely

technically possible: a new British

Telecom telephone service. John

indicates on his phone that he

would like to speak to his brother.

All subscribers indicate when they

don't want to be disturbed; for

instance, by a switch on their

phone. On the first occasion both

]ohn and his brother are free and
available, the computer makes the

connection.

Information Assuming that

you’re interested in international

news, chess, cartoons, and
technical news, which paper do
you read? Why, your own, per-

sonalized one, of course — ordered

from a fully automated publishing

company. Each morning your very

own paper rolls from your own
printer — no sports results, no
stock exchange news, no gossip.

Literature: books and
magazines, for relaxation or

learning. Currently, these have

many advantages: they are easy to

use, legible, and relatively cheap.

A computer screen is definitely not

an improvement! And yet, the elec-

tronic system has its good points:

the information is distributed easily

and cheaply, and the covers' may
be very compact — mini cassette

or mini floppy. So, what do we
need? A handy, not too expensive,

battery-operated reading book with

a clearly legible screen. Put in the

cassette and on you go with your

novel. When you've finished it, you
call for a new ‘book’ — by
telephone, of course! Now, that will

be user-friendly!

Physical aids, for healthy as well

as for (lightly) handicapped peo-

ple. Better hearing aids, for

example, but also night glasses

(with light amplifier), which are

much more convenient and
economical than torches. Or a
muscle-enervating massage belt to

enable you to lose those pounds
during breakfast — now, that could

become a craze (and, like its cur-

rent mechanical counterpart, it

would be quite useless!).

Elektor. What sort of articles will

we publish in Elektor in the

1990s? Using the same criteria as

today — practice-oriented, using

modem technology, broadly deal-

ing with all aspects of electronics

— the contents are bound to be
quite different. Or are they?

We will publish audio

preamplifiers, but with a 32-way

input bus for those new audio

ROMs.
And we will combine those new
Mbyte memory ICs with those

ridiculously cheap A/D and D/A
converters to make a guaranteed-

reproducible echo unit.

We will make a de luxe house

telephone exchange for connection

to the normal telephone network;

this will be allowed by then.

We will make a 'music searcher'

which tunes the radio (yes, that will

still exist) to a transmitter that

broadcasts the music of our liking

and no advertising!

We will. . well, we’ll see. . . In any

case, we'll make it interesting! M

computers of the future

It is not all that long ago that com-
puters worked only from a bunch of

punched cards which could not be

produced at home. Nowadays, com-

puters are generally operated from a

keyboard but this is still a long way
from the desired goal of voice-

actuated machines. Keyboards are

highly restrictive because they mean
that if a user wants to communicate
with a computer he or she has to

learn to write programs. As the main

uses of computers will become cen-

tred more and more on office auto-

mation, data communications, and

home work stations, it is extremely

unlikely that more than a small pro-

portion of users will be prepared to

learn how to program - and why
should they?

No, computers will have to come
into much closer contact with the

user to become a real tool of human
thought. This means that computers

have to become much cleverer than

In essence, a computer is nothing

but an array of interfacing

the centre the microprocessor,

swathed in software — machine

code, compilers, assemblers,

operating systems, languages, appli-

cation programs, printers and/or

screens. This is, of course, an unfor-

tunate arrangement because any

change at the user's end will nor-

mally affect all these peripherals, and

therefore the very design of the

computer.

Of course, even users of personal

computers now have other devices at



their disposal for communicating

with the computer. For example, the

mouse is a small pointing device

which when rolled along a desktop

causes a pointer to move across the

screen in a corresponding direction.

Originally the mouse was operated

through a pair of wires, but modern
versions are cordless and com-

municate with the computer by infra-

red signals. The mouse is also used

to select icons, which are small

graphic representations displayed on
the screen to illustrate a computer

function.

These are but first steps towards per-

sonalization of the computer, that is,

giving the user facilities for moulding

the operations more to his own
requirements. The next steps will

probably have to wait until the 32-bit

microprocessors (such as Motorola's

68020S, Intel's 80386, Zilog's Z8000,

or National Semiconductor's

NS32032) and very large, inexpensive

memories have become available in

the course of the next few years. It

is true, of course, that there are

32-bit computers on the market

already, such as Apple's Lisa and

Macintosh, both of which use

Motorola's 68000 microprocessor.

Unfortunately, the 68000 has only a

16-bit bus, so to the user these com-
puters do not seem much faster than

IBM's 16-bit PC. True 32-bit chips

with a full-size bus will enable

designers of PCs to give users much
more flexibility: they can execute

between two and three million

instructions per second, that is as

fast as many main-frame computers,

and can process software programs

more than three times as fast as the

68000.

Power requirements of these new
chips are the same as that of the

68000 although they contain three

times as many transistors. This low

power consumption, which

minimizes heat problems, and the

high speed coupled with a large

memory mean that very small but

very powerful computers can be

built. As a result, highly complex

mathematical and engineering prob-

lems can be executed by a desktop

computer and up to twenty people

can vyork on the same computer file

simultaneously.

Personalized computers have recently

become available in the USA from

Metaphor. These machines are

customized for groups of users, such

as accountants. Metaphor expects

users, untrained in programming, to

take it from there and write further

applications for themselves. So, here

is already an example of what can

nowadays be done by the user

2.22 eleklor India fetoruary 1 985

himself that had to be done by

specialized programmers only a few

years ago.

The two important developments are,

however, the use of natural instead

of man-made language (such as

BASIC or FORTH) and graphics. The
ability to speak into a computer

instead of having to sit down at a

keyboard will increase the uses of

computers vastly. Basically, what is

required for this is an interface

between the user and the computer:

a device such as a voice-actuated

typewriter (vat) that can transcribe

speech without having to understand

it.

As the problems facing designers of

automatic speech recognition (ASR)

systems are enormous, large pro-

grammes, many government spon-

sored, have been initiated in Britain

(the Alvey programme, named after

John Alvey who chaired the commit-

tee that established the programme
in 1982); in Europe (the European

Strategic Programme on Research in

Information Technology - ESPRIT);

in the USA (Defence Advanced
Research Projects Agency -
DARPA; — Microelectronics and
Computer Technology Corporation -
MCC — the civilian counterpart of

DARPA; and Semiconductor

Research Cooperative — SRC); and

in Japan (Institute for new-

generation Computer Technology —
ICOT — and the National

Superspeed Computer Project).

Several of the world's big computer

companies have been working on

automatic speech recognition (ASR)

for some time. A few months ago,

IBM announced that it had produced

an experimental system with a

ninety-five per cent recognition rate

for a 5000-word business vocabulary.

There are two approaches to ASR,

of which one relies on a template

recognition system. Templates are

digital patterns used by a recognition

algorithm to identify words. The

other is based on pattern analysis of

the forty phonemes that make up

spoken English, and the 1600 transi-

tions possible between each adjoin-

ing pair of them.

All the signs are that by the year

2001 we will be able to emulate HAL
(but only as far as its positive

aspects!) and command computers

through natural language, because

that is, and will remain, the most

efficient and subtle, though com-
plicated, instrument for human com-
munication.

Visual representation is virtually

useless to convey certain kinds of

information. But when it comes to

show the relation between, say.

forecast and actual sales, pictures

come into their own.
Unfortunately, many companies have

been frightened by the experience of

Mindset. This Silicon Valley company
makes an IBM compatible PC that

produces high-quality graphics. After

this set had been hailed by the press

at its launch early last year, it

flopped. Although there were market

reasons for this, the main disappoint-

ment was that the idea that good
graphics would create its own market

among general business users was
wrong. None the less, most con-

sultants are forecasting that the

computer graphics industry is

heading for a huge boom, with a

growth rate of more than forty per

cent per year for the remainder of

the 1980s.

Good graphics will be possible

because PCs are becoming powerful

enough to use bit mapping, a tech-

nique in which each pixel can be

controlled individually. The most

impressive PC with a bit-mapped

high-resolution screen is Apple's

Macintosh, while in the business

market it is IBM's 3270PC/G (which,

incidentally, also has a mouse).

Finally, two new printing

technologies are becoming
economically available. Up till now,

there have been three basic types of

printer: daisywheel, producing good
quality print slowly and loudly; dot

matrix, which uses a row of fine

needles shot forward by electrical

pulses to form the shape of letters

and figures and is faster but less

clear than the daisywheel; and heat

transfer, which also uses needles

but, instead of moving, these heat

up momentarily.

But the future will almost certainly

belong to laser and LCD (liquid

crystal display) printers, both of

which are fast (6.
. .7 pages of A4

per minute), noiseless, and give a

print quality where you do not notice

any dots (pixels). Printers using

these techniques are still very

expensive, although market forecasts

are that there will be a laser printer

on the market for under £1000 in

about a year's time. H



Commodore cassette
interface
Necessity being the mother of invention this circuit was destined to

be designed. The 'necessity' here is Commodore's insistence that the

VIC 20 and C64 computers can only be used with a special cassette

recorder supplied by . . . Commodore. One of our designers baulked

at the idea of buying a cassette recorder only for his computer when

he already had a perfectly good audio recorder. Some kindly soul

directed his outraged energy towards the nearest soldering iron and

so was born THE Commodore cassette interface by Elektor.

As in many home computers, the data out-

put by the VIC 20 and C64 via the

cassette interface is in the form of a

square wave signal with an amplitude of

5 Vpp. The information input to the com-

puter has the same form. The cassette

connector also contains a so-called ‘sense

input' that enables the computer to check

if the recorder’s PLAY button is pressed.

The Commodore will only activate its

motor output if this is the case. The com-

puter itself switches the recorder motor

on and off and we will see later how this

is actually done. First, however, we must

see what happens if the computer wants

to save a file on cassette.

THE interface in detail

The program to be saved appears in the

form of pulses with an amplitude of 5 Vpp
on the write output of the connector. This

amplitude is, of course, much too large to

be saved directly on the tape so the

signal is first reduced to about 200 mV by

voltage divider R13/R14. This signal is then

suitable for recording on the tape.

The procedure for loading a program is

somewhat more involved. The signal sup-

plied by the recorder via a DIN or

loudspeaker output socket is nowhere

near square in shape and its amplitude is

also much too small, at about 200 to

300 mV. The signal must therefore be

amplified and its shape improved. A
single op-amp (Al) increases the signal's

amplitude by about six times. The offset of

Al, and consequently of A2, is set to half

the supply voltage by means of R3 and R4.

The second op-amp is set up as a schmitt

trigger which takes the signal from Al and

forms it into a clean square wave signal

with an amplitude of S Vpp. The computer

can now load the program via the connec-

THE alternative
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tor's read input. A LED (D4) has been
included in the circuit to show that this is

actually happening. It will only light when
transistor T1 is caused to conduct by a T
appearing on its base but the logic levels

switch far too fast to be seen with the

naked eye. When data is being transferred

the LED appears to be continually on.

One obvious advantage of this LED is that

it simplifies finding the start of a program.

The motor in the cassette recorder must

be switched on and off at the right times

by the computer. Naturally enough this is

done via a relay (Rel) instead of directly.

When pin 3 of the connector goes high

transistor T2 is switched on and causes

the relay to operate. First of all, however,

the computer must be made to think that

the PLAY button is pressed. This condition

is simulated by connecting the sense

input to ground, which is exactly what

happens in the Commodore data recorder

when this button is pressed. If the sense

input is connected straight to ground, as

we have done, we can then simply forget

about it. The power supply for the inter-

face is very kindly provided by the com-
puter. As figures 1 and 2 show, pins 1 and
2 of the cassette connector are GND and
+ 5 V respectively. This makes a separate

supply for the circuit unnecessary.

The interconnections

Before any data can be transferred all the

electronics must be constructed and all

interconnections must be made. A total of

six links are needed at the computer side

and the most important point here is to

ensure that none of these are inter-

changed. The computer would not be
very pleased with this so have a look at

figures 1 and 2 to see where everything

belongs before soldering any wires. The
cassette recorder is more tolerant of

wrong connections but it is far better if
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the circuit works correctly first time

Again make sure to solder the right wires

in the appropriate places. The layout

usually used for a cassette recorder's DIN
socket is illustrated in figure 3. The two

terminals for the relay contacts (points R
and S in figure 1) are linked to the

recorder’s remote input via a jack plug. If

the tape recorder in question does not

have any remote input this is no reason for

panic; simply connect R and S in series in

one of the voltage supply lines to the

motor.

Installation and use

All the components must be fitted to the

printed circuit board shown in figure 4

and when this is done a suitable case

must be found for the circuit. Alterna-

tively, it may be possible to include it

within the cassette recorder case.

Whichever of these is chosen there is one

point to bear in mind; the connecting

wires must not be made too long. A
special connector is needed to link the

interface to the computer’s cassette

input/output lines. This is a six-way

printed circuit board connector with a

spacing of 3.96 mm (0.156") between the

pins. The wires can also be soldered

directly onto the printed circuit board.

We will be very brief in our instructions

on using the circuit: refer to page 18 of

the C64 user’s manual.

The function of SI in the circuit is clear. It

is used to switch the motor on and off,

which is very handy for winding the tape.

If an error message is generated during

loading the volume control on the cassette

recorder is probably not correctly set.

When reading tapes that you have not

recorded yourself it may be necessary to

re-align the record/playback head. If our

experiences with this interface are

anything to go by, however, errors will

rarely occur, even when 'turbo' loading. H
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TV modulator

Computers, video games, video

cameras, games computers; all of

these produce video signals that

must be displayed via a television

set. If the TV receiver in question

does not have a video input and

its owner is reluctant to vandalise

it in order to fit one then this

sort of modulator is the obvious

solution. It is a simple circuit

that processes video signals to

enable them to be fed straight

into the TV set's aerial input.

for any TV set

without a video

input

A ‘TV modulator’ is really no more than a

transmitter. It is a very small transmitter,

admittedly, but none the less that is what

it is. What does a modulator actually do?

In general — and this design is no excep-

tion to the rule — it is a simple oscillator

that generates a frequency somewhere in

the VHF or UHF region. The oscillator is

modulated with the video signal and the

modulated carrier wave thus generated is

fed into the TV set’s aerial input via a

cable. Then all that remains to do is tune

the TV to the correct frequency.

Figure 1. A TV modulator

The layout

The whole business is not quite as simple

as we have just suggested, of course, as

the mini transmitter must meet certain

requirements. The frequency stability

must be very good as, indeed, must the

quality of the display. The required fre-

quency stability is achieved by the use of

a crystal oscillator. A well thought out

choice of component values takes care of

the display quality: the modulator allows a

resolution of 80 characters per line, as this

is a value that is often needed.

A very important feature of the circuit that

must be decided is the transmission fre-

quency. If this is only a single channel, as

suggested above, it gives rise to some
practical problems. Different users will

want different channels, the carrier wave

can become somewhat difficult to locate,

and unless the frequency is exactly spot

on no signal will be received. A much
better idea is to ensure that the HF signal

contains a large number of different fre-

quencies. This makes it much easier to

tune the TV set to one of the frequencies

as there will surely be one to suit every

The block diagram of figure 1 shows how
this is achieved. The TV modulator is

made up of two parts, namely a

modulatable crystal oscillator and a har-

monics generator. The oscillator operates

at a frequency of 27 MHz, which is quite

low so inexpensive crystals are readily

available. The harmonics generator con-

verts the oscillator signal into a sort of fre-

quency spectrum containing all the

multiples of 27 MHz up to about 1800 MHz.

The TV modulator's output signal is made
up of a large number of little peaks, each

of which is a complete transmitter signal.

At least one of these will always be in

band I (VHF channels 2. . .4), one in band

III (VHF channels S. . . 12) and many of

them will be in bands IV and V (UHF
channels 21 . . .69).

The circuit diagram

Like the block diagram, the circuit (shown

in figure 2) is very straightforward. The
crystal oscillator is based on a very fast

HF transistor, T1 (BFR91), which performs

the amplitude modulation. Apart from this

there is little to be said about the oscil-

lator except, perhaps, that it is essential to

use the correct values for the components

surrounding Tl. This is, of course, simply

common sense in this sort of HF circuit.

The harmonics generator is formed by two

Schottky diodes, D1 and D2. These diodes

must switch very quickly in time with the

27 MHz signal so they provide strong har-

monics up into the gigahertz range.

The modulation depth can be set with PI,

while the oscillator’s d.c. value can be

varied by means of P2. The combination

of these two presets enables either posi-

tive or negative amplitude modulation to

be selected. This is essential as the har-

monics produced vary in this respect. We
will discuss the calibration of PI and P2

later in this article

The power for the circuit can be provided

by either an unstabilized 8.. .30 V or a

stabilized 5 V. The latter could be taken

from a computer’s power supply and in

this case IC1 is not needed.

Construction

The tiny printed circuit board designed

for this circuit is shown in figure 3. It is



not double-sided as this was found to be
unnecessary. Construction is thereby

simplified and readers who do not buy
the board through our EPS service (tut-tut)

will find it easier to make themselves.

Building the circuit is simply a matter of

fitting the components onto the printed

circuit board. The coils, often a source of

much teeth-gnashing and hair-pulling, will

not be a problem in this case. Two of

them, LI and L2, are made by winding 3*4

turns of enamelled copper wire (about

0.2 mm thick) on a 3.5 mm ferrite bead.

Another, L4, is just one turn of copper
wire (0.8 ... 1 mm thick) air-wound with a

diameter of 8 mm. The fourth inductor, L3,

can simply be bought.

Any third overtone crystal with a fre-

quency of between 25 and 30 MHz will

work in this circuit. A number of suitable

values are advertised in this issue.

The only parts that might prove difficult to

find are diodes D1 and D2. The ones
stated in the parts list are available at the

moment but do not give up hope if your
comer shop does not have them. The only

important thing is that they must be UHF
Schottky diodes; the actual type number
is of little consequence.

Calibration

Calibrating the modulator calls for a cer-

tain degree of care as it involves more
than just ‘set the presets to mid-positiori.

The setting depends, in fact, on the har-

monic to which the circuit is tuned. Cali-

bration should be carried out as follows;

Set the TV receiver to maximum
brightness and contrast.

Feed a video signal into the modulator

(a video recording of a test card, or a

link to a computer's ‘TV’ socket, could
be used) and connect the circuit’s output

3

to the TV’s aerial input.

Set P2 to mid-position and PI to

minimum resistance (fully anti-

clockwise).

Tune the TV receiver to a harmonic,

preferably one of the VHF bands (chan-

nels 2 . . . 12). The tuning is correct when
the 'snow' on the screen disappears

and/or the screen becomes dark.

Turn PI very slightly until 'something'

becomes visible.

Calibrate P2 to give the best possible

quality image. If the result is not very

good the wiper of PI can be moved a bit

more and P2 again trimmed to give a bet-

If this still fails to provide an acceptable

result tune the TV to the next harmonic.

This must give a decent image. K

Resistors:

R1. R2 = 4k7
R3. R4 = 56 Q
PI = 100 Q preset

P2 = 500 Q preset

Capacitors:

Cl = 4p7/16 V
C2 = 10 p
C3 = 220 p
C4 = 47 p
C5 = 47 n, ceramic

C6 = 100 n'

C7 = 330 n'

Inductors:

LI, L2 = 3V4 turns of

0.2 mm ISWG 35 or 36)

CuL on a ferrite bead of

about 3.5 x 3.5 mm
L3 = 1 pH
L4 = 1 turn of 0.8. .1 mm
ISWG 19. . .21) CuL, air

wound with a diameter of

8 mm

Semiconductors:

D1. D2 = 1N6263

{Ambit/CirkiD

03 = 1N4148
T1 - BFR91 {Ambit/Cirkit)

IC1 = 7805'

XI = crystal, 27 MHz 13
rd

overtone) or other 3rd

overtone crystal between

25 and 30 MHz

• = not needed if the

circuit is powered from a

stabilised 5 V supply

Figure 3. Fortunately the

printed circuit board for

the modulator is only

single-sided. The large

copper surface acts as e

ground plain.
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portable guitar
amplifier

with a host of Apart from output power and the

facilities
choice of valves or transistors as

active elements, there is not

much to distinguish the

multitude of commercial guitar

amplifiers on the market. All that

most of them offer is a three-

channel equalizer for bass, mid-

range, and high frequencies, and

a built-in reverberation spring:

this does not give the musician

much scope for experimentation.

Yet, even for only a modest
outlay is it possible to bring

some colour to the monotony of

the basic sound of the strings.

This is made possible by a

voltage-controlled filter — surely

no stranger to our musical

readers.

The controls for bass, mid-range, and high
frequencies on most commercial guitar

amplifiers may be compared with those

on a hi-fi installation. Unfortunately, they

do not change the basic character of the

sounds produced by a guitar string: to do
so, many more additional units are

required: phaser, chorus, flanger, fuzz box,

and so on. In many cases, these units

really do mellow the harsh notes pro-

duced by the guitar. The amplifier

described here does not, and is not

intended to, replace such additional units

entirely. However, several of the add-on

units are based on similar principles and
can be imitated fairly easily, and well, by
the voltage-controlled filter on which the

design of the present amplifier is based.

Mixing the outputs of a voltage-controlled

filter (VCF) allows the continuous transition

from all pass to notch mode. Furthermore,

the signal from the integral fuzz circuit

may be added to the outputs of the VCF,

so that with only four potentiometers a

whole spectrum of tone colour variations

becomes available.

Voltage-controlled filter (VCF)

The VCF is a simplified version of that

used in the Formant synthesizer (see

Elektor (UK) December 1977, page 12-27).

It is built from opamps A2, A3 and A4 as

shown in figure 1. which function as high

pass, band pass, and low pass filter

respectively. Stereo potentiometer P3

enables the setting of a Specific turnover

point, that is, the centre frequency of the

band pass filter.

Overdrive (fuzz) circuit

Either the direct or the filtered signal from

the guitar may be fed to opamp A5 by

switch SI. The gain of the amplifier can be

set within wide limits by P2: this is vital

because the stage following A5 needs a

threshold to function as limiter and so pro-

vide the required amount of distortion.

The use of three pairs of diodes results in

a smoother onset of limiting, that is, a pro-

gressive increase in distortion, which pro-

vides a tone reminiscent of valve

amplifiers. The operation of the overdrive

circuit is clarified in figure 2.

Mixing
Potentiometers P6 . . . P9 allow the mixing

of the outputs of the filter and the dis-

tortion generator: the wipers of all four are

connected to the inverting input of opamp
A7. Preset P10 enables the setting of the

required feedback factor: the higher its

value, the greater the gain of A7.

Reverb(eration) unit

Reverberation springs have been a

welcome addition to guitar amplifiers for a

long time. Although they do not perform

miracles, they add to the fullness of the

The principle on which they work is that

the sounds to be reverberated are

magnetically coupled to one or two metal
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reduce the gain of A7 with P10. Again, if

you have an oscilloscope, the output of A7
(pin 8) or of A8 (pin 14) may be checked
for clipping. It is, however, very unlikely

that there is overloading of these stages.

Setting the reverberation

The level of the signed applied to the

reverberation exciter cod is determined by
preset Pll. lb find the correct level, first

set P12 to maximum. Next, move the wiper

of Pll slowly from earth potential and sim-

ultaneously pluck one of the guitar

strings. If everything is all right, the echo

should become clearer and clearer.

However, at a certain point, that is, when
the output level of IC3 becomes too high,

the echo becomes muffled and suffers

from frequency-dependent distortion. To
avoid this happening even when the guitar

is plucked vigorously, carry out this test

with firm plucking of the string. If the

echo is too weak with Pll and P12 at maxi-
mum, it may be enhanced with P10, even
though this also increases the level of the

direct signal.

Operation and setting up
Playing without overdrive (fuzz): set P9 to

zero (wiper at earth) and with P6 . . . P8
choose the desired bass, mid-range, and
treble response. It is important that the

setting of each of these controls is com-
patible with that of the others. When all

three are set for identical gain, the output

of the guitar sounds virtually natural.

Potentiometer P4 is of considerable
importance to the operation of the VCF: it

determines the quality, Q, that is, the
slope of the pass band of the filter. When
the 0 is high (steep slope) it is possible to

produce artificial resonance peaks in the

band-pass characteristic which give the

sound a distinct colouring. This is also

affected to some extent by the setting of

P3.

Varying P3 (imagine this control fitted in a
foot-operated swell) with 0 high and only
the low-pass filter section operating

causes a wa-wa effect. With a low Q and
the mid-range frequencies attenuated,

slowly altering the crossover frequency
gives rise to a phasing effect.

When the wiper of P4 is at earth potential,

the VCF functions as an oscillator and it is

therefore necessary that P5 is adjusted so
that with maximum 0 the filter just does
not oscillate.

Playing with overdrive (fuzz): when
switch SI is in position 1, the entire sound
from the guitar becomes overdriven.

Unlike many other guitar amplifiers, the

present one allows the continuous mixing
of the original and overdriven sounds: this

may be arranged by a foot switch con-
nected to jack socket S (see figure 1). If

only the overdriven sound is wanted,

potentiometers P6 . . . P8 must be turned off

completely (wipers at earth).

The degree of overdrive may be set with

P2 to individual taste.

When SI is in position 2, only those fre-

quencies that lie above the crossover

point set by P3 will be overdriven. If you
mix the fuzzy high frequencies with the
original low ones, a very pleasant, hoarse
sound ensues that cannot be produced by
a traditional fuzz box (see figure 3).

Because of space considerations, we can-
not describe all possible sound variations,

but hope that the examples given will

spur you on to further experimentation.

Power output stage

A low-weight, portable guitar amplifier of

modest dimensions requires a power out-

put stage that is small, reliable, efficient,



and yet provides sufficient power to pre-

vent the audience reaching for their hear-

ing aids! To cut a long story short, we
have opted for the 30-watt output stage

described elsewhere in this issue. The
complete set-up gave very satisfactory

results during tests and operation in small

to medium-sized halls; it would probably

not be quite suitable for use in larger

Power supply

Power for the pre-amplifier is derived from

the supply of the 30-watt output stage: the

printed circuit of that stage is already fit-

ted with appropriate take-off terminals.

If you do not use the 30-watt output stage,

you need a supply that is capable of pro-

viding + 18. .
.
±25 V at 35 mA (positive

line) and 22mA (negative line).

e 5. View of the top

e chassis and the

of the front panel. I'

portant to adhere tc
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Figure 6. Suggested front

penel of the guitar

amplifier. It is. unfor-

tunately, not available

ready-made from Elektor

Loudspeaker

Never use a loudspeaker designed for use
in hi-fi installations for the following

reasons. The amplitude of a vibrating

guitar string is not particularly large: in

the case of the top strings, it is hardly

possible to see with the naked eye

whether they are vibrating, especially if

plucked only lightly. The amplification

consequently required to make them aud-

ible is quite considerable.

If, however, a string is plucked vigorously,

because of the type of music or the

temperament of the player, it is deflected

quite a distance from its rest position. The
instantaneous voltage then induced in the

pick-up coil reaches a very high peak
and, in modem hi-fi equipment, this is

faithfully transferred to the loudspeaker
which in consequence may easily be
damaged or destroyed. Fortunately, there

are loudspeakers available which have

been specially designed for use with

electric guitars. They are characterized by

a very rigid suspension of the cone and
their ability to cope with the wide
dynamic range of electric musical

instruments.

Basically, the loudspeaker should be able

to handle not less than SO watts (sine

wave) and have an input impedance of 8

ohms or 4 ohms. Note that mid-range and
treble speakers are not just superfluous

but unwanted! After all. we are not look-

ing for linear transfer of the guitar sounds:

it is the unfaithfull reproduction that

makes the music of electric guitars so

popular!

Construction

The complete amplifier, including

loudspeaker, may be housed in a case as

suggested in figure 4. The shape cor-

responds closely to current market trends.

Dimensions are primarily dependent upon
the loudspeaker: unfortunately, we have

not been able to find a suitable speaker
that would make it possible to house the

amplifier in a truly portable case.

The top compartment of the wooden case
offers ample space for the pre-amplifier,

output stage, and power supply.

The best material to use is 19 mm (Vt inch)

chipboard. The various panels should be
fastened together with dowels and wood

glue: if you must, chipboard screws may
also be used.

The completed case may then be covered
in, say, black leatherette and the comers
protected by suitable metal comer pieces
to give the whole a near-professional

appearance.

The electronic circuits are best mounted
onto a chassis which is fastened to the

front panel so that the whole may be slid

in and out of the upper compartment. The
front panel should be fastened to the case
with suitable chipboard screws. It is wise
to fit two runners at the underside of the

chassis so that it does not lie direct on the

wood: this has the advantage that any fix-

ing screws for the transformers, PCBs, and
so on may protrude from the underside of
the chassis without causing any problems.

Some useful hints

If the wiring to the potentiometers, the

power lines, and the wires connecting the

pre-amplifier to the output stage are not

placed with careful thought, it may easily

happen that hum is audible from the

speaker even when all potentiometers are

turned off. One of the prime causes of this

is that the earth connections to various

parts are not radial but form a loop. If

such a loop lies in a stray field, a voltage

may be induced in it which is then

superimposed onto the signal. Care
should also be taken that signal paths and
wires (including PCB tracks) carrying

unsmoothed alternating currents never
have a common return. It is for these
reasons strongly recommended to adhere
to the interconnection wiring layout in

figure 5.

When fitting the reverb unit, care should

be taken that the output coil is not too

close to the mains transformer. The
screened housing of the unit does not

offer all that much protection against the

strong electro-magnetic field existing in

the immediate vicinity of the transformer.

It is also best not to fit the unit rigidly to

the chassis to prevent any mechanical vi-

brations from the loudspeaker and mains
transformer being transferred to it. This is

easily accomplished with a felt washer fit-

ted between the chassis and the unit

housing: it is wise to glue the washer in

place. M





The input of the device is formed by dif-

ferentia] amplifier T2/T3 whose emitter

resistance consists of current source
T1/D1/D2. The output of the amplifier is

fed to driver T6 whose collector resist-

ance is formed by current source T4.

Transistor T5 provides a constant bias volt-

age for the output transistors: the bias
allows a quiescent current of about 50 mA
through these transistors. The output tran-

sistors are arranged as quasi-complemen-
tary darlingtons: T7 and T9 form an n-p-n

darlington; T8 and T10 are the com-
plementary pair. Any asymmetry of T8/T10
is negated by diode D5.

Circuit description

The amplifier circuit, shown in figure 2, is

designed for operation from a + 25 V
symmetrical power supply. The full 50 V,

decoupled by C4 and C8, is applied to

the output transistors, pins 6 and 8, in the

STK077. The supply for the input and
driver stages is decoupled by R3/C3 and
R5/C7 respectively and applied to pins 10

and 4. Feedback is arranged by connec-
ting the output, pin 7, to the inverting

input of the differential amplifier, pin 3,

via R6.

The gain, A, is determined by the feed-

back factor, that is, the ratio R6:R4 —
A = (R6 + R4)/R4,

When planning the power output stage for the guitar amplifier

described elsewhere in this issue, we came across an interesting

hybrid 1C made by Sanyo: the STK077. In contrast to a monolithic 1C

where all the components are manufactured into or on top of a single

chip of silicon, a hybrid 1C consists of several separate component
parts, attached to a ceramic substrate, that are interconnected by an
appropriate metallization pattern or by wire bonds. Hybrid ICs are

frequently encountered in medium power (30. . .60 W) hi-fi equipment.
They are, however, also eminently suitable for use in home-
constructed amplifiers, because they are more reliable and smaller

than circuits built up from discrete components, and are not so

vulnerable and susceptible to oscillation as monolithic 1C stages.

Hybrid ICs are generally available with power ratings up to 70 W and
are normally reasonably priced.

30 watt a.f. output stage
based on a new
hybrid 1C

The STK077 is a 30 watt hybrid IC that is

ideal for use in small mono a.f. amplifiers

or medium power stereo equipment. It is

also of interest to those who want a small

amplifier for fitting into an active

loudspeaker box.

The innards of the STK077 form a fairly

conventional a.f. amplifier circuit as can
be seen from figure 1. Note that the power
transistors are mounted direct on the cool-

ing area of the device to ensure better

heat dissipation.

With values shown this amounts to nearly
27 dB.

The input signal is applied to the non-
inverting input (pin 1) of the differential

amplifier. DC zero potential is ensured by
resistor R2, which carries the base current

for T2. Pin 2 is the earth terminal which is

internally connected to the metal base of
the STK077.

Stability of the output transistors is ar-

ranged by various methods. On board
there is a Miller capacitor between base
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and collector of driver T6, while externally

capacitor C5 is connected between pins 3

and 5. Capacitor C9 and resistor R7 at the

output, pin 7, ensure a defined load at

high frequencies and this enhances the

stability under no-load conditions- Finally,

the input has been provided with an RC
low-pass filter (Rl/Cl) which increases the

rise time of the input signal and so

reduces the transient intermodulation dis-

tortion (TIM).

The power supply, with the exception of

the mains transformer, is housed on the

same printed circuit as the amplifier. It

consists of an unregulated circuit: four

standard diode rectifiers, and two electro-

lytic smoothing capacitors each shunted

by a foil capacitor.

When a mains transformer with 2 x 18 V
secondary is used, the direct output volt-

age under no-load conditions is of the

order of 2S V, falling to about 22 V when a

normal load is connected. A 1 A trans-

former can be used for output powers up
to 20 W.

More power
With a ± 20 V power supply, the STK077
provides 20 watts into 8 ohms, or 30 watts

into 4 ohms. In the latter case, both the

third harmonic distortion and the current

consumption are somewhat higher than in

the former. If you want higher power, one
of the series STK078. . .STK083 may be
used: the printed circuit board remains
unchanged, but it is, of course, necessary

to use an appropriate mains transformer

and higher rated electrolytic capacitors.

Data for these are given in table 2.

Practical tips

The mains transformer may have a single

centre-tapped secondary or two separate

windings. In the latter case, proceed as

follows: connect one of the terminals of

secondary 1 with one of secondary 2 and
measure the a.c. voltage between the two
free terminals. If this is 0 V, the terminals

of ONE of the secondaries must be
changed over so that across the bee ter-

minals an a.c. voltage of twice the rating

of one of the secondaries is measured.
The interconnected terminals become the

equivalent of the centre tap which is con-

nected to earth as shown in figure 2.
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Figure 3. The printed cir-

cuit board is notonty for
Failure of one of the power lines during

also'with other members operation of the amplifier would destroy

STK078. . STK083. w
give output powers
less than 24. .40 wa

the IC. It is, therefore, vital to ensure that identical.

both power lines are connected properly The value of the thermal rating of the heat

the negative line be protected by a fuse. It If the amplifier is intended for domestic

is, of course, also important that the

Supply voltage, Ub - maximum ± 32 volts

— recommended + 22 volts

Case temperature - maximum 85°C

Load resistance -- recommended 8 ohms

Output direct voltage - maximum ±70 mV
Input voltage Irmsl - for 20 W into 8 Q 600 mV

- for 30 W into 4 Q 600 mV
Input impedance 50 kilohms

Current consumption — at 20W into 8 Q 1 A
- at 30 w into 4 g 1.5 A

• in range 20 Hz. . .20 kHz, THD = 0.3%. Ub = ± 22 V



somewhat lower. It may be useful to drill

out the fixing holes in the heat sink

slightly to avoid mechanical stress during

its installation. The use of silicone heat

transferring grease is strongly rec-

ommended.
If the amplifier is used for mono appli-

cations, a fuse may be fitted in the

loudspeaker lead: this is shown in dashed

lines in figure 2. The fuse should be of the

medium-slow (about 2 seconds) type.

Values for use with other ICs in the series

are given in table 2.

The heat sink and printed circuit board

should be fixed to a chassis with the aid

of an aluminium angle piece as shown in

figure 4, since the terminals of the IC can-

not support the PCB.

As always in a.f. amplifiers, the wiring

layout should be thought out carefully. On
the premiss that any wires may cause

problems, we reduced the amount of wir-

ing by designing the power supply and

the amplifier on one PCB. The only wires

consequently required are three to the

mains transformer, two to the loudspeaker,

and a screened one for the input signal.

If two amplifiers are built for stereo

applications, it is possible to use one

mains transformer of twice the rating

stated in the parts list. Separate power

lines should then be connected to each of

the PCBs. Separate earth return lines for

each loudspeaker are also required: this

means that each PCB is connected to the

appropriate loudspeaker by a two-core

cable.

If you want to use a 4-ohm loudspeaker,

the mains transformer should be capable

of providing a secondary current of 1.5 A:

alternatively, a transformer with lower

secondary voltage (2 x 15 ... 16 V) may be
used. The heat sink should also be

adapted to the higher dissipation, for

instance, 1.5 K/W instead of 1.7 K/W. The
only other difference between the 4-ohm
and 8-ohm versions is that the former has

a slightly higher third harmonic distortion

(THD) factor than the latter, as shown in

figure 5. H

Table 2
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Whenever two (or more) large programs must exist at the same time
in a 6502's memory there is bound to be a conflict as regards page 0

and the stack (page 1). The situation could arise if a BASIC
interpreter and a DOS (disk operating system), or both of these and a

video handler, are being used simultaneously. One of the accepted
methods of solving this problem involves reserving two areas in

random access memory where these pages are 'duplicated', giving,

for example, E000. . .E0FF for page 0 and E100. . .E1FF for the stack.

Every time the computer changes from one program to the other the

contents of these areas of RAM are swapped with the appropriate

contents of pages 0 and 1. This removes any possibility of corrupting

the pointers on page zero or the contents of the stack.

JSR SWAP
software to

interchange

pages 0 and 1

in a 6502-based

system

Table 1. The processor

leaves the SWAP routine

{which it entered using

JSR) not by RTS but by
JSR! The return address
is 'stacked* at the start of

JMPINS.

One of the notable characteristics of the

6502 microprocessor is the way it uses

pages 0 and 1. The 256 bytes from

0000HEX to 00FFHEX can be addressed
using commands specific to this zone.

This is known as page zero addressing;

the most significant address byte is not

specified as it is implicit in the operation

code. The same 256 bytes can be used as

16-bit pointers for indirect indexed
addressing of the rest of the memory. The
256 bytes from 0100HEX to 01FFHEX form
the 6502‘s stack. This is a register

generated by the processor itself to

enable it to store certain information. It

operates on the principle of ‘last in first

out’ so the processor can only work with

the last item stored on the stack. An
internal stack pointer continually indicates

the address of this last item.

It is obvious that the slightest careless

F MODIFYING Cl

change of the parameters saved on these

two pages will upset the operation of a
program that is being run — usually with
no possibility of correcting the error.

When two programs are run in parallel it

is essential that they do not destroy each
other's page 0 and 1 parameters. This is

an extra worry for the programmer, par-

ticularly as it can be an insoluble prob-
lem. As soon as the programs that are

being run reach a certain size it is better

to find a way to break away from the

shackles governing the use of pages 0

and 1.

The routine proposed here is used to

move the contents of page zero and page
one to another area of RAM where they

can be changed at will. At the same time
the contents of the RAM area in question
is transferred to pages 0 and 1. The name
of the routine is SWAP, for obvious
reasons.

Using this routine means that the program-
mer no longer has to worry about the con-
tents of pages zero and one when leaving

one program to carry out another. All he
has to do is run the SWAP routine. Page
zero (0000HEX • • 00FFHEX) and page one

(0100HEX- 01FFHEX) of the first program
are saved at E000HEX- • .EIFFHEX, and
the contents of pages 0 and 1 for the sec-

ond program, which had been stored at

E000HEX -EIFFHEX, are transferred to

0000HEX -01FFHEX- When returning

from the second to the first program the

SWAP routine is again executed and the
same procedure is carried out again to

return the two pairs of pages zero and
one to their original locations. The lo-

cations we have used to store pages 0 and
1 (E000HEX - • .EIFFHEX) can, of course,

be changed to suit the system with which
the SWAP routine is used, provided the

area reserved is in random access
memory. Similarly the SWAP routine itself

must be run in RAM. A look at the last

line of the listing will show why this is

necessary. Indexing and swapping are the

two procedures that make this routine

possible so bear this in mind. M
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Most of the principles involved in program-

ming in BASIC have already been discussed.

Most of the remaining BASIC statements

will now be explained.

Having studied this third part of the series,

it should be possible to write even fairly

complicated programs; the last part of the

series will deal with trouble-shooting in

programs ('de bugging').

There are several ways to enter data into a compu-
ter. If something is to be calculated, the 'data' usu-

ally consists of numbers. In Part 2, these were en-

tered by assigning values to variables or by entering

the numbers as part of the program. However, a

different approach will often prove more useful

in practice, using either of two further BASIC
statements: INPUT and READ . . . DATA . . .

INPUT
By using the INPUT statement, data can be entered

while the program is running. Or, to be more pre-

cise: when the computer finds an INPUT statement

in the program, it stops and waits for the data to be

entered before continuing with the program.

The complete statement consists of 'INPUT' fol-

lowed by the name of a variable. For example’

When running the program, the computer prints a

question mark as soon as it finds the INPUT state-

ment on line 10. It then waits until a number is

entered, followed by the CR key. As soon as the

number '256' was entered, this value was assigned

to the variable A — after which the rest of the pro-

gram could be carried out.

The same statement can be used to assign values to

several variables at the same time: 'INPUT A, B,

C, . .
.'. When the question mark is printed, all cor-

responding numbers must be enterted: '? 123, 62,

23, . .
.'. The INPUT statement can also be used to

enter text variables, as will be explained in Part 4.

The advantage of using the INPUT statement is

that it opens the possibility of dialogue with the

computer. Depending on intermediate results, for

instance, the program can be re-run with new values

until a desired final result is achieved. For instance,

let us assume that we wish to know the returns

after a certain number of years (N) from a personal

investment (I) at various interest percentages (P).

The final value (F) is equal to:

In BASIC, this becomes:

F = 1 • (1 + P/100) t N.

A suitable program is therefore as follows:

> to PRINT "ENTER INITIAL INVESTMENT,"

> 11 PRINT "INTEREST RATE"

> 12 PRINT "AND NUMBER OF YEARS"
> 20 INPUT I.P.N

> 30 LET F I • (1 P/1001 t N
> 40 PRINT "THE FINAL VALUE IS": F

> 50 END

ENTER INITIAL INVESTMENT.

INTEREST RATE
AND NUMBER OF YEARS
r 1000.9.10

THE FINAL VALUE IS 2367

In other words, with an initial investment of £ 1000

and a 9% interest rate, the final value after 10 years

will be £2367.

READ . . . DATA . . .

Another way of entering data is the use of so-called

'data blocks'. A data block is a group of data, pre-

ceded by the DATA statement; the various num-

bers and/or texts are separated by comma's. A



data block is usually located at the end of a pro-

gram; it is entered prior to running the program.

In the main program, READ statements are used
to recall the data as required; each new READ
statement causes the next number, text or group
of data to be recalled. For example:

data block on line 60 and assigned to the variables

A, B and C. In other words, A becomes 1, B be-

comes 2 and C becomes 3. Then D is calculated

(line 20); the next number is recalled from the data

block (line 30: E becomes 3); and so on.

As can be seen, several READ statements can be

used — the data will be read out consecutively.

Similarly, several DATA statements can be used:

however, there is little point in this — they are

simply used in consecutive order — and it makes

it more difficult to locate and modify the data

at a later date.

Obviously, it is important that enough data is

stored in the data block. If, after reading the last

of the data, the program encounters a further

READ statement, it will print some comment on
the lines of 'OUT OF DATA IN xxx' (where 'xxx'
is the line number of the READ statement where
the data block proved to be empty).
In some BASIC dialects, the same data block con-
tents can be re-used several times: the RESTORE
statement causes the computer to start again at

the beginning of the block.

The READ . . . DATA . . . statements are not
known in NIBL.

REM
The REM statement (for 'REMark') is used to add
explanatory text to the program, as an aid to the
programmer. The text is simply entered after the

REM statement; it will be ignored by the inter-

preter, but will reappear when a LIST command
is given.

This statement will prove its value when a pro-

gram has not been used for some time: it serves

as a quick reminder of the meaning of variables,

the importance of sections of program, etc. For
example, in the 'personal investment' program
given above:

The program itself is not affected in any way by
the REM statements; they only reappear when a

program listing is requested. They do, of course,

use up some memory space — but there will nor-

mally be sufficient memory available.



Standard functions

To simplify programming in BASIC, 10 standard

mathematical functions are available:

SIN(X)
COS(X)
TAN(X)
ATN(X)
EXP(X)
ABS(X)
LOG(X)
SQR(X)
INT(X)
SGN(X)

cosine x >x is the angle in radials.

tangent x>

arctangent x.

ex (e = 2.71828 ...).

|x|, the absolute value of x.

elog |x
|
= In |x |, the natural logarithm.

VR the square root of |x|.

the integer of x.

the 'sign' of x: 1 if x is positive,

—1 if x is negative,

0 if x is zero.

Note that for the sine, cosine and tangent functions

the angle must be expressed in radials (1 rad. =
57.2958°, or 1° = 0.017483 rad.); for the arctan- -

gent function, the result will be expressed in radials.

The LOG (natural logarithm) and SQR (square

root) functions automatically take the absolute

value of x, without giving an error indication. For

instance: SQR (—4) = 2.

The INT (integer) function sometimes causes con-

fusion. It produces the largest whole number that

is smaller than or equal to x. For positive num-
bers, this simply means omitting the decimal frac-

tion: INT (2.78) = 2. For negative numbers, how-

ever, the result is one less than one might assume:

INT (-2.78) = -3!

As can be seen from the examples given above, the

number ('X') must always be included in brackets.

Usually, it is also permissible to use a variable or

even an algebraic expression here. A few examples

are given in the following program:
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It shouldn't come as a surprise that there are ex-

ceptions to the rules given above. Some BASIC
dialects don't use the absolute value of x in the

LOG and SQR functions if a negative value is en-

tered for x — they print an error indication.

In Tiny BASIC (and, therefore, in NIBL) these

standard functions are unknown. For that matter,

the I NT function would be pointless, since Tiny

BASIC only recognises whole numbers in the first

place, NIBL does recognise certain other functions;

these will be discussed in part 4.

Jump statements

In all program examples given so far, the programs

were executed in a fixed (numerical) order. The
statement with the lowest line number was carried

out first, and so on. Where a different order is re-

quired, 'jump statements' can be used: 'GOTO',
'IF . . .THEN . . .'and so on.

GOTO
The GOTO statement is used when a 'jump' to a

specified line number is required in the program.

Since no initial check is required (to see whether cer

tain specified conditions are met), GOTO is known
as an 'unconditional statement'. An example:

In this program, N is first made equal to zero and

this value is printed. In line 20, the value is in-

creased by 1 ('incremented'); line 30 initiates a

jump back to line 10, where the result (1) is print-

ed; and so on. The computer will continue to run

around this 'loop', printing all numbers from 0 up

— until it either runs out of paper or reaches its

maximum count.

Obviously, if something like this occurs when run-

ning a program (due to a programming error), there

must be some way to stop the computer. There is:

the 'BREAK' key. As soon as this key is operated,

the computer will stop the program and print out

'BRK AT 20' or something similar.

Often, a jump to a new line number is only required

if certain conditions are fulfilled. The 'conditional

statement' offers the possibility of executing dif-

ferent sections of program, depending on interme-

diate results. In general, the statement will be en-

IF (relational expression) THEN (line number).

The 'relational expression' will normally be some

kind of comparison, for instance 'X = 10' or 'A> B'.

If the result of the comparison is 'true', the com-

puter will jump to the specified line number; if

not, it will simply proceed to the next program

As an example, let us assume that a program is

required that will print out the multiplication

table of any number ('X'). The flow chart for a

suitable program would be as shown in figure 1

.

The sequence of operations is as follows: after

the 'initialisation' procedure — in this case, making

N = 1 — the computer will request the value of X
(step 2). In steps 3 and 4, 1 x X is calculated and
printed, after which N is incremented by 1 (step 5).

Then, in step 6, the value of N is checked: if it is

smaller than or equal to 10, the computer must
jump back to step 3-for the next calculation. After

calculating and printing all values up to 10 x X, N
will become 1 1 in step 5, the result of the compa-
rison in step 6 will be 'false' and the program will

have reached the END.
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The corresponding program is as follows:

In some BASIC dialects (including NIBL), it is

possible to enter a statement after THEN, instead

of a line number. In that case, if the result of the

comparison is true the statement will be executed;

otherwise it will be ignored.

In NIBL, if a jump to a line number is required

'GOTO' must be used instead of 'THEN'. The two
possibilities are therefore as follows in NIBL:

I F (relational expression) GOTO (line number) , and

IF (relational expression) THEN (statement).

FOR . . . NEXT . . .

Another way to run through the same section of

program several times in succession is by means of

the FOR . . . NEXT . . . statement. This really con-

sists of two statements that must be entered on dif-

ferent program lines, as illustrated in the following

example:

In the FOR statement, a variable (A), an initial

value (1) and a final value (5) are specified. The
section of program between the FOR and the

NEXT statements is executed several times, start-

ing with the initial value for A and then incremen-

ting it by 1 until the final value is reached.

The initial and final values need not be given as

numbers. Both variables and expressions can also

be used (for instance: 'For A = N TO 50 * N'). The
final value should, of course, be greater than (or at

least equal to) the initial value.

It is not a good idea to use the 'running variable'

(A in the example given above) at any other point

in the program - except for other FOR statements.

The statements between FOR and NEXT are often

referred to as the 'FOR-NEXT block'. Before exe-

cuting a FOR-NEXT block, the computer first cal-

culates the initial and final values for the running

variable. If these values depend on another variable,

its value is taken at that moment; once calculated,

the initial and final values remain unchanged as the

block is executed, so that even if the value of the

variable is then altered this will have no effect on
the final value.



A more 'practical' example of the FOR . . . NEXT .

.

statements is a program for the calculation of A!.

(A! = 1 * 2 * 3 * * (A-2) * (A-1) * A. For

example: 3! = 1 * 2 * 3 = 6. By definition, 01 = 1.)

A flow chart for a suitable program is given in

figure 2.

After the initialisation procedure, the value for A
is entered (a positive number). If A = 0 or 1, the

result will be 1 and there is no point in running

through the whole program — in fact for A = 0 it

wouldn't work, since the final value in the FOR
statement would be less than the initial value —
so the result can be printed immediately. For all

other values of A, the calculation described above

is performed in the FOR-NEXT block and the re-

sult is then printed. The corresponding program is

as follows:

After writing a program like this, it must be

checked with several values for the variables which
should give known results (in this example, say, 3
and 5); special attention should be payed to values

that require a different procedure (0 and 1 in this

program).

FOR . . . TO . . . STEP . . .

In the FOR . . . NEXT . . . statements as described

so far, the running variable is increased by 1 each

time round the loop. This is not always desirable:

an increase by a larger or smaller amount may be

required. In that case the STEP statement can be
added, as follows:

FOR 1= —90 TO 90 STEP 15

The running variable will now be increased in steps

of 15. Other steps can be specified, and even ne-

gative steps are permitted — in other words, the

running variable is decreased step-by-step. For

example:

FOR 1=0 TO -90 STEP -10

A certain amount of care must be taken to ensure

that the running variable can reach its final value

with the specified steps. It would be asking for

trouble, for example, to specify:

FOR 1=0 TO 90 STEP -10

DO .. . UNTIL . . .

The DO . . . UNTIL . . . statement is only known
in relatively few BASIC dialects. The reason for
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discussing it here is that this statement is also

known in NIBL. As an example of its use, let us

consider the following program section:

peated for as long as the expression after UNTIL
remains 'false'. As soon as it becomes 'true' the

computer moves out of the program 'loop' and
proceeds with the following statement. In the ex-

ample given above, the text will be printed 5 times.

Subroutines, GOSUB . . . RETURN
When writing large programs, 'subroutines' can be
extremely useful. It is often the case that a cer-

tain section of the pro-

gram is required several

times — for example, a

complicated input/out-

put routine or the A!
calculation described

earlier. This program sec-

tion is then entered after

the main program, as a

so-called subroutine.

When it is required in

the course of the main
program a GOSUB state-

ment is used, followed

by the first line number
of the subroutine. The
subroutine itself will nor-

mally be concluded with

a RETURN instruction,

causing the computer to

jump back to the line

number immediately fol-

lowing the GOSUB state-

ment in the main pro-

gram.

issume that the computer is

being used as an aid to circuit design, and that we
will regularly be using two resistors in parallel to

approximate a desired resistance value. A section

of the main program and the subroutine might
then be as follows:



When the computer reaches the point in the main

program where it needs the value for R21 - which

will be approximated by connecting two resistors

in parallel - it prints out the corresponding re-

quest and then jumps to the subroutine. Once

there, the request is made more specific by asking

for the value of the first resistor. Having then re-

quested and received the second value, the parallel

resistance is calculated and printed. This is fol-

lowed by the query whether or not the value proves

satisfactory. Depending on the answer, the com-

puter will either repeat the subroutine (asking for

new values) or else jump back to the main pro

gram and assign the calculated value to the corre-

sponding variable (A) in the main program.

Loops within loops are also possible — in fact the

program given above is an example: the subrou-

tine, effectively, is a loop; within the subroutine,

an IF ... THEN . . . statement is used to create

a further loop.

Figure 3 illustrates 'loops within loops' in a flow

chart. In this case, however, loop 3 is 'dangerous'.

If loop 2 is either a FOR-NEXT or a DO-UNTIL

loop, a jump to a line number outside this loop

is not permitted: the computer must first be given

the chance to complete its countdown (final value

in the FOR-NEXT statement) or fulfil the con-

dition specified (in the DO-UNTIL statement).

Furthermore, a program should not loop-the-loop

ad infinitum. Each loop within another loop is re-

ferred to as 'one (further) level down' and when

'nesting' loops in this way there is a maximum
number of levels (depending on the BASIC dialect)

that should not be exceeded. In NIBL, for instance,

the maximum nesting depths for the various types

of loop are as follows:

GOSUB-RETURN 8 levels

FOR-NEXT 4 levels

DO-UNTIL 8 levels

If the computer detects loop programming errors,

it will indicate this by printing out some suitable

comment. In NIBL. for instance, the indications

are as follows:

Meaning

there are too many loops

within loops

FOR is not followed by NEXT
NEXT was not preceded by

FOR
the line number indicated in a

GOTO or GOSUB statement

does not exist

RETURN was not preceded

by GOSUB
UNTIL was not preceded by

NOGO ERROR

RTRN ERROR

UNTL ERROR
DO

Program loops

Several statements have now been discussed that

can be used when program loops are required.

A program example: Pay as you earn

To illustrate the possibilities of the BASIC theory

discussed so far, let us consider a program that can

calculate the costs involved in hire-purchase or

pay-as-you-earn. In this case we will assume that:

• A fixed sum is repayed each month, which in-

cludes interest: the monthly payment M. This

sum is to be calculated.

• The cost price of the item that we wish to buy

isC.

• A starting capital, S, is available.

• A loan, L, is therefore required: L = C — S.

• The interest rate is P (%).

• The loan is to be repayed within N years.
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> 10 PRINT "ELEKTOR SOFTWARE SERVICE"

> 20 PRINT "LOAN REPAYMENT"
> 30 PRINT "WHAT STARTING CAPITAL IS AVAILABLE?"

> 40 INPUTS
> 50 PRINT "WHAT IS THE COST PRICE?"

> 60 INPUT

C

> 70 LET L - C - S

> 80 PRINT "THE NECESSARY LOAN IS"; L; "POUNDS"

> 90 PRINT "WHAT ISTHE INTEREST RATE?"

> 100 INPUT

P

> 110 PRINT "IN HOW MANY YEARS MUST THE LOAN BE REPAYED?"

> 120 INPUT

N

> 130 LET V = (1 + P/100) tN

> 140 LET M = L • (P/1200) • V / (V - 1)

> 150 PRINT "THE MONTHLY PAYMENT IS"; M; "POUNDS"

> 160 PRINT "DO YOU WISH TO KNOW THE AMOUNTS ALREADY REPAYED'

> 170 PRINT "AND STILL OUTSTANDING AFTER A NUMBER OF YEARS?"

> 180 PRINT "PLEASE ENTER 1 FOR YES, OR 0 FOR NO"

> 190 INPUT

W

> 200 IF W=0 THEN 320

> 210 IF W=1 THEN 250

> 220 PRINT "PLEASE STUDY THE KEYBOARD CAREFULLY, THEN"
> 230 PRINT "ENTER 1 FOR YES, OR 0 FOR NO. TRY AGAIN"

> 240 GOTO 190

> 250 PRINT "AFTER HOW MANY YEARS?"

> 260 INPUT X
> 270 LET R = L * ((1 + P/100)tX - 1) / (V - 1)

> 280 LET 0 = L - R

> 290 PRINT "AFTER"; X; "YEARS"

> 300 PRINT "YOU WILL HAVE REPAYED"; R; "POUNDS"

>310 PRINT "AND"; 0; "POUNDS Wl LL REMAIN OUTSTANDING"

> 320 LET I
= M • 12 • N - L

> 330 PRINT "AFTER"; N; "YEARS, YOU WILL HAVE PAYED"

> 340 PRINT "A TOTAL OF"; I; "POUNDS INTEREST"

> 350 LET F = (I + L)/L

> 360 PRINT "YOU Wl LL HAVE PAYED"; F; "TIMES THE ORIGINAL LOAN"
> 370 END



Lines 220, 230 and 240 are included in the pro- fulfilled, the computer will warn the operator and
gram in case an 'impossible' answer is given ('5', jump back to line 190 for another try.
for instance) instead of 0 or 1. Since neither of Having entered the program, it can be tried out:
the conditions given in lines 200 and 210 are then

> RUN
ELEKTOR SOFTWARE SERVICE
LOAN REPAYMENT
WHAT STARTING CAPITAL IS AVAILABLE?
?0
WHAT IS THE COST PRICE?
? 10000

THE NECESSARY LOAN IS 10000 POUNDS
WHAT IS THE INTEREST RATE?

IN HOW MANY YEARS MUST THE LOAN BE REPAYED?
? 30

THE MONTHLY PAYMENT IS 81 POUNDS
DO YOU WISH TO KNOW THE AMOUNTS ALREADY REPAYED
AND STILL OUTSTANDING AFTER A NUMBER OF YEARS?
PLEASE ENTER 1 FOR YES, OR 0 FOR NO
? 2

PLEASE STUDY THE KEYBOARD CAREFULLY. THEN
ENTER 1 FOR YES, OR 0 FOR NO. TRY AGAIN
? 1

AFTER HOW MANY YEARS?
? 10

AFTER 10 YEARS
YOU WILL HAVE REPAYED 11 14 POUNDS
AND 8886 POUNDS WILL REMAIN OUTSTANDING
AFTER 30 YEARS, YOU WILL HAVE PAYED
A TOTAL OF 19160 POUNDS INTEREST
YOU WILL HAVE PAYED 2.916 TIMES THE ORIGINAL LOAN



QUESTIONS
1 . Is it permissible to enter more information in a

'data block' than is actually required in the

program? And what about storing less data than

required?

2. What use is the REM statement?

3. Can extensive use of the REM statement cause

problems?

4. What effect will 'jump' statements have on the

time it takes the computer to run the program

(the 'execution time')?

5. When using the FOR . . . TO . . . STEP . . . state-

ment, should the final value always be larger

than the initial value?

6. What is the advantage of using subroutines?

7. When using FOR-NEXT and DO-UNTIL loops,

why is it not permitted to 'jump out of the

Summary of statements and commands used in

part 3.

INPUT variablelsl This statement causes the computer
to request keyboard entry of value(s)

READ variable/s

j

The variable/s) listed after the READ
READ variable(s) statement(s) are assigned thevalue(s)

DATA data, data... given after the DATA statement.

RESTORE This statement causes the data block

REM text The specified text appears in a listing,

GOTO line number

BREAK

the specified

ANSWERS TO QUESTIONS IN PART 2.

1. If an interpreter program were stored in RAM,
it would be lost when the computer is swit-

ched off. It would then have to be re-entered

before running even the shortest of programs.

For this reason, it is normally stored in ROM.
2. The effect of the SCRATCH command is to

erase the current program and the display.

3. The CLEAR command is used to reset the va-

riables to 0. This command is often given be-

fore the RUN command; in fact, in some

BASIC dialects it is effectively included in the

RUN command.
4. The errors in the program lines are as follows:

a) 150 LI ST 5: a space in the 'key word'

(LIST) is forbidden.

b) 1 0 PRINT 18: a space within the line num-
ber is forbidden.

c) 160 PRINT CHAIR: quotation marks should

be included ("CHAIR").
d) 170 PRINT 1253 14: a space within a num-

ber is not permitted.

e) 190 LET A = 0.31: in most BASIC dialects

that recognise decimal fractions, '.31
' should

be written instead of '0.31'.

f) 200 PRINT 4.35E1.2: the number following

the E must be a whole number — the deci-

mal point is never permitted here.

5. a) 3*2 + 8+15/3=19.
b) 17-24/3/2= 13.

6. In BASIC, a variable should consist of one letter

followed by not more than one digit, so 'A15'

is not permitted.

IF comp.

. . . THEN line number

. .

.

THEN statement

. . GOTO line number

parison after IF is true.

ber; otherwise the program

is continued on the next

line. In NIBL, a statement

can be given instead of a

line number; if a jump to a

line number is required

•GOTO' must be used

instead of 'THEN'.

FOR . . . TO . . . STEP A 'running variable' is

both as specified after

NEXT . . . FOR (e.g. FOR A=l). The
statements between FOR
and NEXT (the 'FOR-

NEXT block') are then

carried out; the running

variable is increased by

STEP/5), after which the

FOR-NEXT block is re-

peated; and so on until the

'final value' specified after

TO (e.g. TO 90) is reached

or exceeded. If no STEP is

matically taken as+1.

DO This 'loop' is known in NIBL. The
statements between DO and UNTIL

UNTIL comp. are repeated until the comparison

specified after UNTIL becomes 'true'.



A very large low-frequency range is not

necessarily a good thing. Often when a
record is played at a reasonable volume
the woofers occasionally ‘strike’ far further

than the normal (acceptable) distance.

This is usually due to undesirable dis-

tortion in the range of about 1 to 10 Hz.

This phenomenon is limited only to rec-

ord players; it is not noticed with compact
disc players, radio tuners or tape players.

The reason is that these last three have a

high-pass filter of about 20 Hz fitted

somewhere in the electronics or in the

signal source. As far as this circuit is con-
cerned, therefore, we are only interested

in the record player.

For most people a record player is still the

best source of high-quality sound
reproduction. (The CD — compact disc —
system may be technically better but is far

less popular.) A lot of attention is paid to

the MM (moving magnet) and MC (moving
coil) inputs in 'reasonable-quality'

amplifiers as the best results are possible

by making use of these inputs. A good
amplifier must nowadays have a frequency
range right down to (practically) d.c.

values — the merit of which we will not

discuss — but when combined with a
turntable this can make life difficult for

loudspeakeis. In order to remove the

problem, however, we must first of all

know how it arises.

Resonance and warped records

Most subsonic problems are caused by

rumble detector
Manufacturers of audio equipment are constantly competing against

each other by improving the quality of their products. As a result

even inexpensive amplifiers now have an extremely good frequency

range, especially at low frequency. A lower cut-off point of a few
hertz is certainly no exception and some actually go right down to

|

d.c. This is all to the good as far as the quality of sound reproduction

is concerned but it is also disadvantageous to a certain extent.

Subsonic noise can be passed on to the loudspeakers and could even

damage them. Murphy's Law of Acoustics comes into play here, of

course: as this noise is subsonic it cannot be heard so how do you
know that it is there? That can be very difficult . . . unless you build

this rumble detector, which indicates, by means of a LED, when the

subsonic part of an output signal becomes too great.

resonance in the turntable and pick-up
arm. It all starts at the point where the arm
pivots, its fulcrum in other words. The arm
always pivots on some sort of elastic struc-

ture to allow the needle to move freely in

the record grooves. Because there is a
reaction between the mass of the arm and
the elasticity of the mounting the

assembly will have a resonant point. The
frequency at which resonation occurs
depends on the mass of the arm and the
type of material on which it pivots. The

extent of the resonance depends mainly
on the inherent damping of the fulcrum

and any damping intentionally built in.

When choosing a cartridge to fit to an

arm, or vice versa, care must be taken to

be sure that the resonant frequency of the

combination is not in the audible range.

By the same token the resonant point must
not be so low that it is triggered by warps
in the record or by a vibrating floor. A
resonant frequency of about 10 Hz is gen-

erally considered to be optimal, although

traces ultra-low

frequency

signals



Figure 1. The filters in the

rumble detector only pess

frequencies below ebout

10 Hr. When this sort of

subsonic noise is

detected LED D1 lights to

show that the signal is

not very healthy for the

in practice a value between 5 and IS Hz is

acceptable. Unfortunately it is usually

impossible to predict beforehand what the

resonant frequency will be if a new arm

or a new cartridge is bought. The only

thing to do is to put your faith in an

experienced audio shop. Most of us

already have a certain combination of arm

and cartridge and unless this gives ter-

rible results we are not likely to change it.

The next problem is that of resonance in

the chassis. Like the arm, the chassis will

probably be mounted on springs or some

other elastic assembly. Understandably,

this also has a resonant point. In a well-

designed turntable the resonant frequency

will be about 2 to 4 Hz so that it cannot

influence the resonance of the arm. The

turntable is then relatively immune to

sounds in the room (such as somebody
walking around) and the arm can cope

with warped records. If the chassis is not

mounted on an elastic assembly there is

one less resonant point to worry about,

but this sort of turntable is more sensitive

to outside interferance, like those same

heavy footsteps and feedback from the

loudspeakers.

If a record that is being played has a

bump in it or is warped there is quite a

likelihood that the pick-up arm will start to

resonate. The result is a subsonic 'spike’

that will be strengthened by the amplifier

and fed through to the loudspeakers.

Even if the resonant point is well damped
this will still happen. When somebody
forgets to tread softly their heavy footfalls

can cause the chassis to resonate, with the

same result. The loudspeaker cones again

thump out a note that nobody hears.

Clearly subsonic noise can very easily be
produced by a turntable but it is not so

easy to get rid of it. A good steep sub-

sonic filter with a cut-off frequency of 15

to 20 Hz is ideal for this but such a filter is

rarely included in an amplifier. If a filter is

provided it is usually a rather imprecise

affair that also removes some of the low

frequency sounds which should be heard.

That does not seem to leave any options

open, but the situation is not by any

means hopeless. Provided the

loudspeakers do not deflect too much the

subsonic signals in themselves will cause

no damage. That idea was the inspiration

for this circuit, which monitors the sub-

sonic content of the signal at an ampli-

fier's loudspeaker outputs and lights a

LED to signal when it becomes too great.

The listener can then take appropriate

measures. This may involve reducing the

volume setting, examining the record for

bumps or warps or mounting the turntable

more firmly, for example. Whatever
measures are needed the rumble detector

will not effect the quality of the hi-fi

system as it does not involve connecting

anything in the signal line.

The circuit

The circuit has a very simple layout, con-

sisting of only a low-pass filter for each
channel (left and right) followed by a com-

mon LED for the indication. The filter roll-

2.40
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off characteristics must be very steep to

prevent the circuit from reacting to bass
frequencies that are acceptable for the

loudspeakers. This is the reason for using
24 dB/octave fourth-order Butterworth

filters. (For detailed information about this

and other types of filters refer to the

article ‘active crossover filter' published in

the October 1984 issue of Elektor.) The
actual multiple-feedback arrangement
used for the filters makes them very stable
and that is more than enough justification

for their relative complexity. Each filter

consists of two 12 dB/octave sections —
A1/A3 and A2/A4. The component values

chosen set the cut-off frequency to about

10 Hz so signals up to about 12 Hz can be
detected. The output signals from the

filters are half-wave rectified and then

added together. The resultant signal

charges capacitor C17 quickly. When the

voltage on this capacitor reaches about
2.5 V transistor T1 conducts and causes
the LED to light. After the subsonic signal

has passed the LED remains lit for a cer-

tain time, dependent upon the d.c. voltage

across C17.

Power for the circuit is provided via two
voltage regulators, IC2 and IC3. The maxi-

mum input voltage to this power supply
section is 30 V. This can be supplied by a

small transformer (2 x 15 V/50 mA, for

example) in combination with a bridge
rectifier and two electrolytic capacitors

(such as 470 p/25 V). If the amplifier has a
suitable symmetrical 15 V from which a
tap-off can be taken the components
marked with an asterisk in the parts list

can be left out. The current consumption
is a mere 20 mA so this will not prove an
excessive burden to an amplifier.

The last thing to be done is to connect
the circuit in parallel with the amplifier's

loudspeaker outputs and the detector is

ready for use. H

Filter component values:

Butterworth 4,h order

(24dB/octave)

C5 + C7 = C6 + C8 =

1.85/6 a fR

Cl + C3 = C2 + C4 =

3/3.7 n fR

where R = R1 = R2 =
R3 = R4 = R5 = R6

C13 + C15 = C14 +
C16 = 0.77/6 n fR

C9 + C11 = CIO + C12 =

3/1.54 rr fR

where R = R7 = R8 =

R9 = R10 = R11 = R12

,2.41



microprocessor-controlled
frequency counter

accurate, fast,

user-friendly and
practical

Superlatives simply have to be used when describing this frequency

counter, but we will try not to let it get out of hand. We think it is

only natural to feel a certain amount of pride, however. Here, at last,

is a do-it-yourself frequency meter whose capabilities, features and

ease of use are comparable to much more expensive ready-made

(professional) equipment. This is a tribute to the Elektor designers

who continually burned the midnight oil working on the design. Their

advice to anybody who is thinking of building or buying a new
frequency counter is to read this article and study the circuit diagram

first. The chances are that this will be your next frequency meter.

User-selectable accuracy

to 6 or 7 digits

<2 s 17 digits) at

f>2.5 Hz
Auto ranging in all

16-digit alphanume

operation

Sensitivity:

input A: 10 mVrms
12 MQ)

input B: TTL, CMOS
level (%25 kQ>

input C: 10 mVrms
(50 0)

with prescaler

(>100 MHz):

100 mVrms (50 Q)

Many of our readers regard micropro-

cessors as a scourge and something that

has no place in a respectable 'electronic'

circuit. Even having read the title on this

page we hope that you have none the less

read this far because we are now going to

entreat you to bear with us and read the

remainder of this article. This frequency

counter does contain a microprocessor

but for all intents and purposes it can be
considered as just another ‘black box'. Its

use does, however, allow the design to be
made more versatile and totally removes
the need for a user’s manual. Surely this is

enough reason to turn a blind eye to the

fact that this test instrument is 'cursed'

with a microprocessor.

Let us look at the frequency counter's

features one by one, starting with the auto-

ranging possibility. In most meters this

would have required a handful of com-
ponents but in this design the 'calculator'

does all the work.

The second point is the measuring

method used, which was mentioned in the

introductory article published in last

month's issue. This so-called reciprocal

measuring is only possible with the aid of

a microprocessor as there are a lot of

calculations to be made. The advantages

of this method are maximum accuracy

with a very short measuring time It is

used both for frequency and period

measurements. A secondary benefit is that

multi-position rotary switches are

unnecessary as simple push buttons are

sufficient.

If the circuit has a microprocessor anyway
why not use an alphanumeric display?

This, again, is easier to use. The fre-

quency meter plays a game of question

and answer with the user, who then

makes a choice of the function desired by

pressing a YES or a NO button. The
display always shows what is being

measured and what the units are: such as

FREQ. 1.234567 KHZ' or ‘PER.

8.61059 MSEC'. The price of the alpha-

numeric display and the associated con-

troller IC is comparable to that of a set of

good 7-segiftent displays plus drivers so

cost does not enter into the equation.

Extensions and modifications can easily

be included in this frequency counter;

usually this is a matter of changing part of

the software. This line of thought could

lead to such things as an IEEE output or

feeding in offset frequencies.

Finally, we draw your attention to the front

panel foil with built-in low-pressure mem-
brane switches. This gives the project a

very professional appearance and
simplifies fitting it into the case.



principleThe measuring
If the frequency counter electronics are

considered in the form of blocks a first

rough sub-division leaves us with the

three parts shown in figure 1: the micro-

processor, the counter hardware and the

display controller. The microprocessor

section consists of a standard 6502 system
with RAM (6116), EPROM (2732) and PIA

(6821). The microprocessor works with the

program stored in the EPROM and uses

the RAM memory as a notepad and to

store data. Communication with the other

hardware is via the PIA (peripheral inter-

face adapter). The display controller will

be described in next month's issue so we
will not deal with it now. The counter sec-

tion makes up most of the circuit so we
will look at that in detail, using block

diagrams and timing charts, to give a bet-

ter understanding of the operation of the

whole circuit.

All the hardware is controlled by the

microprocessor, with the aid of a pair of

multiplexers to select the various measur-

ing procedures. Each of the possibilities

will be discussed in detail on the basis of

a timing chart and a block diagram con-

taining only the components appropriate

to a particular function. The multiplexers

are considered as straight-through links.

First, however, we must see how all the

measurements are made.

A lot of calculation

The article in the last month's issue (called

'part O' because it was only an introduc-

tion, intended to whet your appetite)

skimmed over the frequency counter's

modus operandi. The microprocessor

starts by setting the programmable divider

to its lowest value. This means that the div-

ider stops the measurement after a single

period of the input signal. This is a test to

prepare for the actual measurement so

that the right division factor can be
selected. The period time is worked out

from the test and the processor then

calculates which multiple of this period

can be stored in the counter within the

desired measuring time. Based on this the

programmable divider factor, which is

always a power of 2, is set. The measuring

time is then defined by: 2" x T, where T is

the period time measured and n is the

number selected for the divider. The
number of period times that are counted

is always a power of 2 so the measuring

time for different frequencies can also

vary by a factor of 2. As an example,

assume an accuracy of 6 figures is

selected. The gate time (measuring time)

for this accuracy is at least 0.1 s. If the fre-

quency to be measured is 5 kHz its period

time will be T = 200 ps. After the test

measurement the microprocessor quickly

makes the following calculations:

2” x 200 x 10-*^0.1, so 2”^500, giving

n = 9 and 2" = S12.

The last number is the factor for the pro-

grammable divider. The gate time is then:

512 x 200 x 10-^ = 0.1024 s.

If the frequency were 2.6 kHz the period

would be: T = 385 (is.

2” x 385 x l(r6^0.1, whereby 2"^260.

which gives n = 9 and 2” = 512.

'The same division factor is selected but

the gate time is now:

512 x 385 x 10-6 = 0.197 s.

At 2.5 kHz the gate time does become
less as the division factor is then 28 = 256.

The measuring time is given by:

28 x 400 x VJr* = 0.1024 s.

When the 'real' measurement has been
made the contents of the counter (X) is

read out by the processor. The result is

the gate time multiplied by 10
7 (the refer-

ence frequency of 10 MHz). The gate time

is 2" x T, so X = 10
7 x 2” x T. Taking the

example of f = 2.6 kHz again we see that

T = 1/2600 s. This gives

X = 107 x 512 x 1/2600 = 1969230. Based

on this figure and the division factor

selected the microprocessor can calculate

the frequency or period time, whichever

the user has chosen,

f = (10
7 x 2")/X = 2.60000 kHz

microproces
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T = X/(107 x 2") = 384.615 Ms

That, basically is how the frequency and
period time are calculated. We will now
look at the electronics needed to achieve

this.

Frequency and period

measurements
The set-up used for the frequency and
period 'test' measurements is shown in

figure 2a. The output signal of FF1 is fed

to N4 and the 0 output of IC3 is con-

nected to FF4's clock input (via a

multiplexer in each case). The sequence
of events is shown in the timing chart

(figure 2a). First the 32-bit counter is reset

and the hardware is enabled by means of

the START signal. The lowest possible div-

ision factor, 22 ,
is selected for IC3. The

next rising edge of the input signal makes
FFl's 0 output high so N5 can then feed

the input signal to 1C3. At the same time

the CNT input of IC5 goes low so it starts

counting 10 MHz pulses. The second ris-

ing edge of the input signal causes the 0
output of IC3 to go high. (This output

becomes T after the 2n~'th rising edge if

a division factor of 2" is selected.) The

READY line then becomes zero and resets

FF1. This flip-flop’s Q output then goes low
with the result that IC5 stops counting.

Even though IC3’s division factor was set

to 4 the output becomes high after a

single input-signal period. The contents of

ICS is the result of counting 10 MHz
pulses for one period and this figure is

used to decide what division factor has to

be set for the actual measurement.
For the actual measurement FF3's 0 out-

put is connected to N4 and the 0 output

to FF4's clock input (see figure 3a). The
microprocessor then sets IC3 to the div-

ision factor that it has selected. The first

rising edge after the START signal takes

FFl's 0 output high so NS can then pass

the input signal on to IC3. After 2"‘ l rising

edges the output of IC3 becomes T; this

signal clocks FF3 and only then can IC5
start counting 10 MHz pulses. The next

clock pulse for FF3 comes after exactly 2"

periods and FF3 then flips and stops

counter IC5. At the same moment the

READY line is taken low by FF4 to inform

the processor that the measurement is

completed. The counter's contents and
IC3’s division factor are then used to

calculate the frequency or period. When
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this is done the result is passed to the
display and the circuit is then ready to

start the next measurement.

Pulse time

Pulse time is measured on the basis of the

circuit seen in figure 4. The signal is input
via an EXOR gate (Nl) to enable the micro-
processor to define whether the T or the

'O’ time is measured. The timing chart of

figure 4b assumes that Nl does not invert

the signal so the T time is measured.
Once the hardware is STARTed the 0 out-

put of FF1 goes high with the input

signal’s first rising edge. The 32-bit

counter is triggered via N5 and stops

again at the input’s falling edge. At the

falling edge a clock pulse is fed to FF4
via FF2 and N2. The READY line (which
goes low) then informs the processor that

the measurement is complete and FF1 is

also prevented from reacting to any more
input signals. The contents of the counter
is then equal to the pulse time in tenths of
microseconds (as 10 MHz pulses were
counted). This makes further calculations

unnecessary.

The width of the pulses that are counted
(1/10

7 = 0.1 ms) means that the resolution

for pulse-time measurements is also 0.1 ms

and the result displayed takes this into

account. A number shown in micro-

seconds on the display will never have

more than one figure after the decimal

point. The shorter the time measured the

fewer figures will appear on the display.

Counting pulses

This is the easiest function so its block
diagram (figure 5a) is also the most
straightforward. Again Nl enables the

microprocessor to choose whether the

counter reacts to a rising or falling edge
at the input. The input signal is then used
to clock counter ICS directly (so the

10 MHz reference frequency is no longer
connected to the counter's ALTCNT
input). The microprocessor regularly

examines the contents of the counter and
outputs the result to the display.

The actual components used for each of

the frequency counter's functions were
given in each of the block diagrams so

they can be more or less ignored in the

actual circuit diagram. This is a distinct

advantage as the circuit's complexity
makes it difficult to see directly which
parts relate to which function.

5a b
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The frequency counter circuit
The circuit diagram is divided into two

parts: the processor section (figure 6a)

and the counter hardware section (figure

6b). The power supply has been included

in the drawing of figure 6a.

There is little need to say anything about

the 6502, 2732 and 6116 in the processor

system, especially as they are being

treated as ‘black boxes' in this circuit. The
address decoder, IC8, and PIA, IC7, also

belong to the processor section but they

have been drawn in figure 6b because of

the large number of connections between
these ICs and the hardware section.

A break-down of the addressing ranges is

given in the margin here as we must say

something of the address decoding. The
decoding method used is very wasteful of

memory space but its great advantage is

its simplicity as it requires only a single

IC. Furthermore it works very well in this

application, even leaving a block of 8 K
free. The clock signal for the 6502 is taken

from the 10 MHz reference via decade div-

ider IC18. The circuit can cater for either

a 2732 or 2764 EPROM (IC16) so there is

room for software expansion. The system

is reset on power-up by means of C5, R50
and N13.

Many of the components found in figure

6b are already known from the block

diagrams. The display and its controller





Figure 7. The LS7060 is a

dedicated counter 1C.

are also shown in this section but we will

not deal with them until next month. All

the ‘boxed-in’ parts of this diagram are

found on the display printed circuit board.

A number of points about this main circuit

diagram must now be clarified.

At the input is the pair of four-bit multi-

plexers found in IC1. One of these multi-

plexers is used for choosing an input-A. B

or C/16. If a prescaler is included in the

circuit (this will be published next month

.
with the input amplifier) the C/S12 input

can also be used. The prescaler is de-

signed to handle the frequency range

from 100 MHz up to 1.2 GHz. If link PR is

fitted the circuit 'knows' that the prescaler

is not fitted and the menu published last

month applies. If, on the other hand, the

prescaler is included points P and R must

be linked with a wire bridge. An extra

choice is then included in the menu.

Choosing FREQUENCY and C-INPUT

would normally be followed by the ques-

tion 6 DIG. PRECISION? Instead the query

displayed is: FREQ.<100 MHZ? If the reply

is NO the counter then asks

FREQ- >100 MHZ? Depending on the

answer to this question the input

multiplexer chooses input C/16 or C/S12.

The other section of 1C1 drives LEDs

D14. . . D16 via N9 and N10.

The TRIGGER LED Dl, is driven by

monostables MMV1 and MMV2. This LED

always flashes if there are active edges at

the input. If the input signal frequency is

low. 2 Hz, for example, Dl flashes with

each active edge. At higher frequencies

the LED simply flashes at a constant easily

visible rate but there is then no distinction

made between a frequency of 100 Hz and

one of 10 MHz. This does not matter, of

course, as the only intention of the LED is

to show the user that the counter is being

triggered.

The SCRL and CNTRES signals (scan

reset/load and counter reset, both of

which come from the address decoder)

are synchronized to <t>0 by means of FF5

and FF6 to remove any spikes that might

be present. This brings us to the heart of

the circuit, the LS7060, whose internal

layout is shown in figure 7. This is a

dedicated counter IC containing a 32-bit

binary counter complete with latch,

multiplexer and three-state data outputs,

all of which is microprocessor-bus com-

patible. lb achieve the same result in TTL

would require about 15 ICs so IC7’s price

is not as exorbitant as it might seem.

The contents of the 32-bit counter is

stored in the latches as soon as the SCAN
RESET/LOAD input goes from ‘O' to T. At

the same time the scan counter is reset

and the left-most multiplexer feeds the

eight least significant bits to the data out-

puts. If an ENABLE pulse is now fed to

the IC (CNTR goes low) these eight bits

are placed on the data bus by the output

drivers so that they can be read by the

microprocessor. Should the ET line return

high the contents of the scan counter is

increased so that the next eight bits are

sent to the output drivers. The next E
pulse places these eight bits on the data

bus so after four enable (CNTR) pulses

the processor has read all 32 bits. A logic

zero of at least 1 ys on pin 37 of the IC

RESETs the 32-bit counter. This is taken

care of by the CNTRES line in the circuit.

The microprocessor generates the signal

by simply placing the address for the

CNTRES block momentarily on the

address bus. In this way output '4' of

address decoder IC8 is activated and this

7
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signal is passed via FF6 to ICS's R input.

The LS7060 IC also has two clock inputs,

COUNT and ALT COUNT. One of these is

used as the clock input while the other

serves as the enable input. We will not

deal with the remaining pins of IC7 here

as the TEST COUNT, SCAN and
CASCADE ENABLE are not used in our
frequency counter circuit.

The gate LED; D2, indicates the time dur-

ing which a measurement is made, and
will light if there is a T on line PBS or on
output Y1 of IC4. We have already seen

from the block diagrams that the Y1 out-

put defines the 32-bit counter’s measuring

time for frequency and period

measurements. When the event counter

mode is selected the input is connected
to Y1 and IC5 counts the incoming pulses.

The circuit is then measuring continu-

ously, even if a lot of the time is spent

waiting for a pulse, so the gate LED
should light continually. For this reason

the processor places a T on the PB5 line.

For pulse width measurements either the

T or the ‘O' part of the signal is measured.
A long pulse time (0.5 s, for example) can
easily be seen on the LED but this is not

so if the measured time is short (a repe-

tition frequency of 1 kHz and a pulse time

of 200 ms, for instance). A delay built into

the software takes care of the problem.

After taking a measurement the processor

waits for about 200 ms before starting to

measure again. The LED is driven by PBS
for a few milliseconds so that it flashes

visibly. The software delay also works on
the display, and in this way the last digit

does not keep changing from one value to

another (if, for instance, the pulse time is

between 200.0 tis and 200.1 ns).

The gate LED makes one short and one
long flash during frequency and period

measurements of signals below about

100 .. . 200 Hz. The short flash is the test,

while the actual measurement is made
during the long flash. The LED only

flashes once when very low frequency

signals are being measured as the maxi-

mum measuring time is then shorter than

the signal's period. In this case the 'test' is

the actual measurement.
Finally there is STPLED D5, which
indicates that the display is frozen and that

no more measurements are being carried

out. This LED is linked to output '5' of the

address decoder and lights if the relevant

memory block is addressed. The pro-

cessor must then run through a loop in

which the LED is constantly addressed.

This is the only thing the processor has to

do in the HOLD state. The display con-
troller (IC6) ensures that the read-out

remains fixed.

The display section is a completely
independent part of the circuit. The ASCII
data that must be displayed is sent to the

controller IC by the processor. This infor-

mation is then stored by IC6, which also

takes care of driving the display. The pro-

cessor only intervenes by transmitting new
data if the displayed information has to be
changed.

microprocessor-controlled

The power supply section seen in figure

6a shows that several different voltages are

needed. A heating voltage of 6 V a.c. is

fed to the fluorescent display from one of

Trl’s windings. The same transformer pro-

vides a zenered —24 V d.c. that is also

used for the display. The remainder of the

circuit is powered by the regulated 5 V
line. Two more supply voltages (U + + and
—5 V) are needed for the input stage. The
diagram shows a single mains transformer

with a total of three secondary windings

but the same effect can be achieved with

two or with three separate transformers.

Figure 8. The circuit for

the crystal oscillator is

straightforward. Two tran-

sistors. T1 and T2, look

after the low-impedance
terminations for the
crystal and a third one.

T3, acts as a buffer.

The crystal oscillator

The crystal oscillator is a very important

part of the frequency counter as it deter-

mines the accuracy to a large extent. The
design used is shown in figure 8. The
crystal is in series resonance its this

guarantees quite good stability. Both sides

of the crystal are terminated into a low

impedance in order to prevent its Q factor

from being unnecessarily reduced. The
MOSFET at the output acts as a buffer

between oscillator and frequency meter.

This oscillator circuit has been fitted to a

separate small printed circuit board, and
there is a good reason for this.

The oscillator shown is quite acceptable

but a very precise, temperature-stable

crystal oscillator is needed to achieve an

accuracy of six or seven digits. A cautious

estimate gives the oscillator of figure 8 a

stability of at most 10 ppm (parts per

million) in a temperature range of 15 to

35 °C This means that the accuracy is far

from optimal but it is good enough for the

average hobbyist especially as the

temperature within the case will settle

down to a constant value within quite a

short time. Some people will, of course,

demand that measurements be accurate to

six or seven digits. This can be achieved

by substituting a special temperature-

compensated oscillator in place of the

one shown here. Such an oscillator will be
expensive but it can easily be incor-

porated into this frequency counter.
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A self-testing circuit
The frequency meter is made up of three

printed circuit boards:
— the main board, which is double sided

with through-plated holes
— the display board, and
— the crystal oscillator.

The first to be built is the crystal oscillator

(if it is used). The series capacitance

indicated in figure 8 is needed if the

crystal has a capacitance of 30 pF. The
capacitor and trimmer will have to be
changed if different crystals are used.

(Keep the trimmer as small as possible to

prevent deterioration caused by its poor
temperature stability.) The circuit is con-

nected to a regulated supply and tested to

see if the oscillator is supplying a 10 MHz
signal. The output is probably distorted

but this does not matter as it is caused by
the capacitive load of the probe. A 10 MHz
oscilloscope is needed during construc-

tion of the frequency counter so this is

something you will have to get your hands

The next part to be tackled is the main

printed circuit board, starting with the

discrete components. Some of the

capacitors and resistors (and one diode)

must be mounted vertically. Sockets

(preferably low-profile types) should be
provided for all ICs, which must not be fit-

ted yet. The eight lines indicated as K3
can be fitted with soldering pins. One of

the voltage regulators, IC21, is connected
to the board by means of three thick flex-

ible leads about 10 or 11 inches long

(roughly 25 cm). A pair of capacitors, C12

and C13, solder directly to the IC’s pins.

This regulator is not fined with a heat sink

but rather mounts straight onto the back

panel of the Verobox. The heat generated

is conducted through the metal plate and

to aid this process silicone grease should

be applied between voltage regulator and
back panel. The photographs show where
and how this IC must be fined.

The mains transformer possibilities have

already been mentioned but one point to

note is that the case recommended does
not leave a lot of room to play with. The
fewer and the smaller the transformers the

better they can be fitted into the available

space. The 10 V winding is first soldered

to the board and the output of IC20 is

measured. This should be 5 V. The 24 V
winding is now connected and the

appropriate voltages measured: —5 V at

pin 7 of K3 and -24 V at pin 19 of K2.

The oscillator board can now be mounted
on the main board. Be particularly careful

to prevent short circuits between the 5 V
copper track and the ground connection
to the oscillator board. The U~ connec-

tion is not used by the Elektor oscillator. It

provides an unregulated 9 ... 12 V d.c. for

crystal oscillators that need more than the

+5 V we have used.

Two of the ICs, IC18 and IC19, are now fit-

ted to their sockets. A square wave of

1 MHz should be present at pin 12 of IC18.

Hexadecimal number $AA must then be
set on the data bus by means of eight 10 k

resistors as shown in the margin here.

The resistors are temporarily soldered to

connector K1 and the 6502 can then be
inserted into its socket. When the power
is switched on again there should be a

square wave of 250 kHz on address line

Aft 125 kHz on Al, 62.5 kHz on A2. and so

on down to 7.6 Hz on A15. This is easily

checked with the oscilloscope as the

period doubles each time. All address

lines are available at connector Kl. If the

frequencies are not correct or if they are

simply not present check pin 40 of IC15

(RES), which should be T. Similarly NMl
and IRQ should be T. On pin 39 (02) there

should be a (rounded) 1 MHz square wave.

If there are signals on the address bus,

but not the correct ones, it is possible that

the 10 k resistors are not properly con-

nected and that something other than $AA
(10101010) is present on the data bus. A
further, ever-present, possibility is that an

address line may be shorted to another

line.

The resistors are left where they are and
IC8 and IC14 are fitted. Outputs ‘O’. .

.'7' of

IC8 should then in turn become logic

zero for 16.4 ms. Pin 9 of IC14 must
become ‘O' at the same time as pin 4 of

IC8 and the same applies for pin 5 of IC14

and pin 5 of IC8. If this checks out the

10 k resistors can be removed.
Now we move on to the display section

but first the heating voltage for the fila-

ment must be measured. Connect 330 Q
across the transformer's 6 V winding and
measure the a.c. voltage across the

resistor. It will usually be a little higher

than 6 V. The series resistance needed to

give a voltage drop of 5.8 V across the

330 Q resistor can be calculated from the

formula: R = u x 57 — 330, where u is the

voltage measured. Divide the result by
two and use the nearest E12 or E24 value





Resistors:

R1, R2 = 100 k

R3. R47, R59 = 390 Q
R4. R5. RS1...R54.

R57 = 2k2

R6 = 5k6

R7. R8 = 220 Q
R9. R42 - •

RIO. ..R41 = 100 k. 1/8 W
R43 = 22 k

R44. . R46. R50 = 1 k

R48, R49. R66. R58 = 10 k

R55 = 680 Q

Capacitors:

Cl. C2 = 0.47 p/10 V Ta

C3, C14 = 47 p/10 V
C4 = 10 p/25 V
C5 = 100 p/10 V
C6 = 470 p/40 V
C7...C10 = 47 n

C11 = 1000 p/25 V
C12, C13 = 4.7 p/25 V Ta

C15 = 47 p/40 V
Cl 6. C18...C23 = 100 n

C17 = 10 p/10 V Ta

Semiconductors:

D1 = LED. 5 mm yellow

D2. D5. D14...D16 - LED.

5 mm red

D3 = 15 V/400 mW zener

D4 « 5V6/400 mW zener

D6. D8. . .D12 = 1N4001

D7 = 24 V/1 W zener

D13 = 10 V/1 W zener

T1 = BC547
T2 = BC557
IC1. IC4 = 74LS153
IC2 = 74LS221
IC3 = 74LS292
IC5 = LS7060 fLSIJ

IC6 = 10937-50 (Rockwell
- available from

Regisbrook)

IC7 = 6821

IC8 = 74LS42
IC9 = 74LS86
IC10 = 74LS08
IC11 = 74LS132
IC12...IC14 = 74LS74
IC15 = 6502

IC16 = 2732

16-SY-03IZI Iavailable fn

Regisbrook I

SI . . . S5 = membrane
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top of the case must be removed so that

the surface here is completely flush.

The attractive finished appearance and

correct operation of the meter can only

be assured if the front panel foil available

through Elektor's EPS service is used. It is

an essential part of the circuit as it con-

tains the membrane switches used to con-

trol the frequency counter. This foil is

quite thick so the slots provided in the

case to accomodate the metal panel sup-

plied with the box will be too thin to

accept both of these at the same time. For

this reason a sheet of aluminium about

1 mm thick and with the same dimensions

as the front plate supplied must be used

instead. Use the template provided with

the front panel foil to drill all the

necessary holes in the new front plate.

The display board can be fixed to the

plate by means of four countersunk bolts

or with four bolts stuck to the inside of

the panel. The locations for these holes or

bolts are indicated by the template and it

is important to note that the bolts may not

protrude by more than 15 mm. The holes

for the BNC sockets are drilled undersize

and then filed to the right shape and size.

One side of each hole is flat so the

sockets cannot turn. The slot for the front

panel cable must also be cut and then a

final check made to make certain that

everything fits as it should. The backing

paper can now be taken off the front

panel foil. Pass the cable through the slot

and then stick the foil carefully and
accurately onto the aluminium front plate.

Any excess foil should now be cut off

with a sharp knife. There is a thin layer of

protective plastic on the front of the foil

that can be removed when the case is

completely finished.

The wires to the mains switch can now be

soldered in place. Note that they must rise

straight up from the switch as otherwise

they might foul the capacitors on the

display board. (The sketch in the margin
here indicates what we have in mind.)

Insulate the connections very well, with

short lengths of heat-shrink tubing, for

example.

All the components must now be fixed to

the front panel. A 10 k potentiometer must

be fitted to the hole left in the display

printed circuit board. The type used
should ideally have small dimensions and
an insulating washer must be used at the

copper side of the board. This poten-

tiometer will be used later — when the

input stage is added to the meter.

Bend the display carefully towards the

board and over IC6. Do this correctly and
the display will fit exactly in the window
in the front panel. Fix the display board to

the front panel by means of the bolts

already discussed.

The mains transformer is now fixed to the

rear panel of the case so that its mounting
bracket is about 2 mm below the top of

the box. Fit the transformer above IC15,

IC7 and IC17 in order to leave room for

the input stage next month. Also fitted to

the back panel is IC20 and in this case

some heat-conducting paste must be used
between IC and metal. The mains cable,

naturally enough, feeds through the back
panel, preferably by means of the chassis

plug and socket arrangement normally

used for laboratory test instruments.

Before screwing the top onto the case a

heatsink must be fitted onto IC21.

The oscillator in the circuit can only be
correctly calibrated with reference to

another (accurate) frequency counter.

Measure the frequency at pin 1 of IC18

and use the trimmer to set this to exactly

10 MHz. Fit the top onto the case and
leave the meter on for about half an hour.

Measure the frequency again and if

necessary re-trim C3.

The constructional details of this fre-

quency counter have been dealt with in

much more detail than is usual in our cir-

cuits. We felt that this was necessary as it

is a very important test instrument and the

instructions given should enable any hob-

byist to build a working example. Next

month we will describe the input ampli-

fier with the prescaler. All of the counter’s

functions are self-explanatory and selec-

tion is simplicity itself but it is always

useful to familiarise yourself with any new
equipment by experimenting with it. H

Table 2. This hexdump is
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CMOS
function
generator

The aim of this project was to produce

a simple, cost-effective, general purpose
audio generator, which was easy to

build and use. This aim has certainly

been achieved, since the circuit offers a

choice of sine, square and triangle

waveforms and a frequency range from
about 1 2 Hz to 70 kHz, yet uses only
one CMOS hex inverter 1C and a few
discrete - components. Of course, the

design does not offer the performance
of more sophisticated circuits, particu-

larly as regards waveform quality at

higher frequencies, but it is nonetheless

an extremely useful instrument for

audio work.

Block diagram

Figure 1 illustrates the operating prin-

ciples of the circuit. The heart of the

generator is a triangle/squarewave

generator consisting of an integrator

and a Schmitt trigger. When the output

of the Schmitt trigger is high, the

voltage fed back from the Schmitt

output to the input of the integrator

causes the integrator output to ramp
negative until it reaches the lower

trigger threshold of the Schmitt trigger.

At this point the output of the Schmitt

trigger goes low, and the low voltage

fed back to the integrator input causes

it to ramp positive until the upper trig-

ger threshold of the Schmitt trigger is

reached. The output of the Schmitt

trigger again goes high, and the inte-

grator output ramps negative again, and

so on. The positive- and negative-going

sweeps of the integrator output make
up a triangular waveform, whose

amplitude is determined by the hyster-

esis of the Schmitt trigger (i.e. the

difference between the upper and lower

trigger thresholds). The output of the

Schmitt trigger is, of course a square

wave consisting of alternate high and

low output states.

The triangle output is fed through a

buffer amplifier to a diode shaper,

which 'rounds off’ the peaks and

troughs of the triangle to produce an

approximation to a sinewave signal.

Any one of the three waveforms may
then be selected by a three-position

switch and fed to an output buffer

amplifier. The frequency of all three

Using only one inexpensive

CMOS 1C and a handful of

discrete components, it is possible

to build a versatile function

generator that will provide a

choice of three waveforms over

the entire audio spectrum and

beyond.

signals is varied by altering the inte-

grator time constant, which changes the

rate at which the integrator ramps, and
hence the signal frequency.

Complete circuit

The practical circuit of the CMOS
function generator is given in figure 2.

The integrator is based on a CMOS
inverter, Nl, whilst the Schmitt trigger

uses two inverters with positive feed-

back, N2 and N3.

The circuit functions as follows;

assuming, for the moment, that the

wiper of P2 is at its lowest position,

when the output of N3 is high a current

Ub-Ut
P, +R,

flows through R! and PI, where Ub is

the supply voltage and Uf is the

threshold voltage of N 1 . Since this

current cannot flow into the high
impedance input of the inverter, it all

flows into Cl or C2 (depending on
which is selected by SI ).

The voltage drop across Cl thus

increases linearly, so the output volt-

age of N 1 falls linearly until the lower
threshold voltage of the Schmitt trigger

is reached, when the output of the

Schmitt trigger goes low. A current

-Ut
P, + R,

now flows through R1 and PI, This
current also flows into Cl, so the out-

put voltage of Nl rises linearly until

the upper threshold voltage of the

Schmitt trigger is reached, when the
output of the Schmitt trigger goes high
and the whole cycle repeats.

To ensure symmetry of the triangle

waveform (i.e. the same slope on both
positive-going and negative-going

portions of the waveform) the charge

and discharge currents of the capacitor

must be equal, which means that

Ub - Ut must equal Ut- Unfortunately

Ut is determined by the characteristics

of the CMOS inverter and is typically

55% of supply voltage, so Ub - Ut is

about 2.7 V with a 6 V supply and Ut is

about 3.3 V.

This difficulty is overcome by means of

P2, which allows symmetry adjustment.

Assume for the moment that R4 is con-
nected to the positive supply rail

(position A). Whatever the setting of

P2, the high output voltage of the
•

Schmitt trigger is always Ub- However,

when the output of N3 is low, R4 and

P2 form a potential divider so that a

voltage from 0 V to 3 V can be fed back

to PI, depending on the wiper setting

of P2. This means that the voltage

across R1 and PI is no longer -Ut but



Up
2

- Ut. If the slider voltage of P2 is

about 0.6 V then Up, - Ut will be

around -2.7 V, so the charge and
discharge currents will be the same. Of
course, the adjustment of P2 must be

carried out to suit each individual

function generator, owing to the

tolerance in the value of Ut. In cases

where Ut is less than 50% of the supply
voltage, it will be necessary to connect

the top of R4 to ground (position B).

Two frequency ranges are provided,
which are selected by means of SI;

12 Hz-1 kHz and 1 kHz to about
70 kHz. Fine frequency control is

provided by PI which varies the charge

and discharge current of Cl or C2 and
hence the rate at which the integrator

ramps up and down.
The squarewave output from N3 is
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CMOS'

taken via a waveform selector switch,

S2, to a buffer amplifier, which consists

of two inverters (connected in parallel

to boost their output current capability)

biased as a linear amplifier. The triangle

output is taken through a buffer

amplifier N4, and thence through the

selector switch to the output buffer

amplifier.

The triangle output from N4 is also

taken to the sine shaper, which consists

of R9, R 1 1 ,
C3, D1 and D2. Up to

about plus or minus 0.5 volts D1 and

D2 draw little current, but above this

voltage their dynamic resistance falls

and they limit the peaks and troughs

of the triangle signal logarithmically

to produce an approximation to a sine

wave. The sine output is fed via C5 and

RIO to the output amplifier.

Sine purity is adjusted by P4, which

varies the gain of N4 and thus the ampli-

tude of the triangle signal fed to the sine

shaper. Too low a signal level, and the

triangle amplitude will be below the

diode threshold voltage, so that it will

pass without alteration; too high a signal

level, and the peaks and troughs will be

clipped severely, thus not giving a good

The input resistors to the output buffer

amplifier are chosen so that all three

waveforms have a peak to peak output

voltage of about 1.2 V maximum. The

output level can be adjusted by P3.

Adjustment procedure

The adjustment procedure consists

simply of adjusting the triangle sym-

metry and sine purity. Triangle sym-

metry is actually best adjusted by

observing the squarewavc signal, since

a symmetrical triangle is obtained when

the squarewave duty-cycle is 50%
(1-1 mark-space ratio). P2 is adjusted to

achieve this. In cases where the sym-

metry improves as the wiper of P2 is

turned down towards the output of N3
but exact symmetry cannot be obtained,

the top of R4 should be connected in

the alternative position.

Sine purity is adjusted by varying P4

until the waveform ‘looks right’ or by
adjusting for minimum distortion if a

distortion meter is available. Since the

supply voltage alters the output voltage

of the various waveforms, and hence the

sine purity, the circuit should be

operated from a stable 6 V supply. If

batteries are used they should never be

allowed to run down too far.

CMOS ICs used as linear circuits draw

more current than when used in the

normal switching mode, and the supply

voltage should not be greater than 6 V,

otherwise the IC may overheat due to

excessive power dissipation.

Performance

The quality of the waveforms can be

judged from the oscilloscope photo-

graphs. In all three cases the vertical

sensitivity is 500 mV/div and the

timebase speed 200 ps/div. 14

simple transistor tester
—an adapter for your multimeter

This simple circuit checks the functioning

and measures the current gain (hpE)of PNP
or NPN bipolar transistors. It operates by

feeding a known constant current into the

base of the transistor and measuring the

collector current. Since the collector current

of a non-saturated transistor is hp£ times

the base current (which is known) it is a

simple matter to calculate the value of hpE,
and in fact the meter which measures the

collector current can be calibrated directly

inhFE

Since both PNP and NPN transistors must be

tested, two constant current sources are

required, to provide a negative base current

for PNP transistors and a positive base

current for NPN transistors. The voltage

dropped across the LED causes a constant

current to flow through the emitter resistor

of the TUP and a corresponding constant

collector current, which flows into the base

of the NPN transistor under test. This

current can be set to lOpA by connecting a

50 pA meter between points B and E and

adjusting PI

.

The lower LED and TUN constitute the

negative current source. Here again, this may
be set to lOpA by connecting a micro-

ammeter between the lower points B and E,

and adjusting P2.

When a transistor is plugged into the

appropriate socket a current of lOpA will

thus flow into the base and a current of

hpE times this will flow through the milli-

ammeter. The full-scale deflection of the

milliammeter depends on the maximum 1)fe
to be measured. Since the collector current

is hpE times the base current (which is

1

.01 mA) a reading of 1 mA corresponds to

an hFE of 1 00, so if a 5 mA meter is to hand
it can be calibrated in hp£ values from 0 to

500, which should be adequate for most run-

of-the-mill transistors. However, for testing

‘C’ versions of small-signal transistors, which
can have gains up to 800, a 10 mA meter
calibrated 0 to 1000 could be used, or a

lower f.s.d. meter shunted to read 8 mA and
calibrated 0 to 800.

Readers may have noticed that it is actually

the emitter current of the PNP transistor

that is measured, which is of course 1 + hpE
times the base current. However, since few

transistors have gains less than 50 the worst

error introduced by this is less than 2%,
which is probably less than the error of the

milliammeter. M
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economical
crystal time base

a 50 Hz 'bench mark'

This time base circuit is built using

normal readily available CMOS ICs

and a cheap crystal. The circuit

gives the constructor the possibility

of 50 Hz, 100 Hz or 200 Hz. The

50 Hz reference frequency is an ideal

time base for the construction or

calibration of electronic clocks,

frequency meters and so on. Because

of the flexible supply voltage require-

ment, it is also a good basis from

which to build a digital clock for the

IC1 contains an oscillator and a

2 14 divider. Providing the oscillator

loop is correctly calibrated using

C2, the output at pin 3 (Q14) will

produce a 200 Hz square wave. With

the help of the two flip-flops in IC2

Resistors:

R1 = 10 M
R2 = 100 S2

Capacitors:

Cl = 22 p
C2 * 2 22 p trimmer

C3 * 10 p/16 V

Semiconductors:

IC1 = 4060
IC2 4013

Miscellaneous

X - 3.2768 MHz crystal

resulting in two further outputs of

100 Hz and 50 Hz, the latter from
pin 1 . Readers who have a frequency
meter can calibrate the circuit by
simply connecting the meter to pin 7

of IC1 (Q4) and adjusting C2 until

a reading of 204.800 Hz is indicated.

As a matter of interest, anyone with-

out a frequency meter should not

despair since setting trimmer C2 to

about midway will provide sufficient

accuracy for most applications.

The 100 Hz output is useful for the

construction of digital counters. For
this purpose we suggest that a 1 : 10
divider (like the 4518) is connected
to the 100 Hz output pin. The power
supply requirements are:

from 5 ... 15 V and 0.5 . . 2.5 mA. M

Depending on their condition 1.5 V
batteries supply a voltage of
1 .2 ... 1 .7 V. This circuit can be very
useful when a project has to be fed

with a constant, low voltage. With an
input voltage of 1 .2 ... 1 .8 V this

stabiliser produces a relatively

constant voltage of 1 .1 5 V with a
maximum load Of 5 mA.
T2 cuts off at a minimum battery

voltage of 1 .2 V with a load of 5 mA.
The output voltage tends to
increase with a higher battery

low voltage

stabiliser
battery powered voltage regulator

voltage, causing T2 to conduct and
reducing the base current of T1 and
T3 (indirectly), so that the output
voltage will remain 1.15 V.

The internal impedance of this low
voltage supply is 1 to 2 Q. The output

voltage will only be reduced by 70 mV
when changing the battery voltage

from 1 .8 V to 1 .2 V. M

(ITT application

)
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electrolytic* run dry

When deciding which capacitors to use,

consideration should be given to re-

liability, the permissible range of oper-

ating conditions, size and so on. Size is

important especially when building high

density circuits, and last but not least

price. Keep in mind, that, any need for

special current limiting resistors is going

to increase the overall cost of using

tantalums. Even so, tantalum capacitors

are used widely, where the operating

characteristics of the capacitor is critical.

Quite a few Elektor circuits specify the

use of tantalums, and not just because

they are small and good to look at.

They have a stable capacitive value, and
a long shelf life. The impedance is vir-

tually unaffected by frequency changes.

So, on the face of it tantalums are ideal.

However, they do have one major draw-

back; price!

applications, and certainly fell down,
for high frequency designs.

From the offset for many applications

the tantalums did not have too much
competition, and with the craze for

miniaturisation they filled a need

straight away. The biggest factor

initially in favour of tantalums was this

question of shelf life. Even after years

of storage, their current leakage, and
value remain unchanged. In fact their

shelf stability is about 100 times better

than the wet aluminium type.

Apart from everything so far explained

the tantalums were not embarrassed by
temperature. The wet electrolytics are

affected quite considerably by tempera-

ture, causing large increases in the

leakage current level. It is this failure to

dissipate heat that causes their mediocre

conductance.

efectrolylfcs run dry
everything you wished

to know!

So far for many industrial and

professional applications wet

electrolytics and tantalums have

ruled the roost. With new

innovations and technological

advancements, it is now possible

to use alternatives which can be

cheaper and more reliable. Many
factors need consideration when
making the right choice, and a

good knowledge of the merits and

limitations of the different types

available is useful.

In fact a comparison shows that

the new solid aluminium

electrolytics, can be used as

alternatives for tantalums, and in

many respects can be seen to be

better.

2.60 eleklor india tebfuafy 1985

Figure 1 . Diagram of the structure of

With such an incentive as this, some

type of alternative was needed.

With the constant improvement in tech-

nology, coupled with energy saving and

the conservation of natural resources,

many experts started to question the

sanity of using tantalum for capacitors.

Tantalum is now in limited supply, as

with everything else, and its price is

increasing by leaps and bounds. So, why
use tantalums?

We must first of all keep in mind that at

the time that they emerged onto the

market, the only other type, with which
they could be compared, were the wet
aluminium electrolytics. These were and
still are inexpensive, but are generally

larger than any solid counterpart and
suffered from a relatively short shelf

life. By this we mean, that after long

storage, their leakage current increases,

and can only be restored to its original

value by post-forming. Also, if they are

used close to their maximum operating

temperature, their life expectancy,

which is normally far less than solid

types, is curtailed even more. The wet

type could not be used in certain new

By comparison the tantalums have a

wide operating range as far as tempera-

ture is concerned, making them suitable

for filters and oscillators. Hence the

reason why they are widely used in

Elektor designs.

Most of you by now must probably

think that the writer must be com-
pletely sold on tantalums. Not so! They
do have, what can be termed as incon-

veniences, rather than faults or disad-

vantages:

• The voltage level they can sustain

when connected the wrong way
round is extremely small, even for a

very short interval. They breakdown
rapidly and can explode easily.

• Their a.c. voltage performance is

poor and further diminished at high

frequencies and temperatures.

• The charge/discharge rate resistance

is 3 S2/V, making it necessary to use

series resistors.

• A surcharge, whether it is of a

thermo, current, or voltage nature,

will cause immediate breakdown, short

circuiting and a possible explosion.

• The price of each item is quickly

approaching prohibitive levels.

All in all tantalums are certainly not

perfect, mind you what is these days!

Should series resistors not be used in

order to limit the charge/discharge rate,

then the results are always fatal. This

is because field crystallisation will

occur, causing short circuiting.

At the beginning of the article we ex-

plained all the advantages of using

tantalums; impedance, heat dissipation,

life span, high frequency performance

and so on. But, it seems that it did not

take us very long to arrive at the con-

clusion that even these are not as good
as we would wish. As with many things,

it is a fact of life that the more you use

something the less appealing it becomes.
Notice that we do not say everything.



electrolytics run dry

since the good things in life are always
welcome.

Luckily the capacitor manufacturers
have not stood still and have come up
with a relatively new development.
Using deeply-etched foil an axial-lead

solid aluminium electrolytic has been
created, achieving a high CV density
making them less expensive replace-

ments for tantalums. Although they are

not going to depose the latter com-
pletely, they will be very widely used in

a variety of industrial and professional

equipment.

Solid aluminium capacitors

The solid aluminium electrolytic has a

comparable performance with the tan-

talum type, but not only is it cheaper,

but it does have a few advantages.

Figure 1 shows the different com-

c 82166-4

Figure 4. Impedance as • function of frequency with capacitor type as a parameter. All capaci

tors are 33 pF. 10 V.

I ponents which go to make a tantalum.

I There are a lot of similarities in con-

|
struction with the solid aluminium type

I (SAL). Looking at figure 1, you will

I note that the former has layers of silver,

' graphite and manganese dioxide (MNOj)
which form the cathode. Then comes a

i dielectric layer and finally the anode
made of tantalum. This is sintered to

' the tantalum oxide (dielectric layer).

Figure 3 shows the make up of a SAL.
The cathode is composed of the same
materials as the tantalum. The real

difference between the two lies in the

fact that, the anode is composed of
deeply etched aluminium and that the

dielectric layer is aluminium oxide

AL2O3. Hence the remarkable conduc-
tivity of the solid aluminium electro-

lytic!

These SALs, to coin a phrase, are very
robust to say the least. They can operate

‘ear their maximum temperature ratings

without shortening their life span, and
do not have any catastrophic failure

mechanism. In other words they are not
going to blow-up in your face at the

wrong moment. An added bonus is the
fact that series resistors are not needed.

The values already available are in the

range 47 . . . 1000/iF and one major
manufacturer has proposed to make
smaller ones with 0.22 . . . 47 pF, but,

it may take some time before these are

available.

They are slightly larger than their

equivalent counterparts, and although

being less expensive than tantalums they
are marginally more costly than the wet
type.

Present applications include telecom-
munications, space programs, and power
stations. Their small size and robustness
make ideal for the automobile industry.

Because they are being improved upon
all the time, a rosy future lies ahead of

To summarise the main characteristics

of the SAL are:

• Lower price.

• Their voltage rating remains un-

changed throughout the operating

range, even at high temperatures (—80
to 175°C).

• The allowed d.c. voltage (reversed) is

around 33% of their rated voltage.

• Does not require current limiting.

• a.c. voltages (up to limits) can be

handled and do not adversely affect

their performance.

• Their impedance fall more steeply

with increasing frequency than any
other type.

• They can withstand 50/100 Hz a.c.

voltages up to a level which is 80%
of their d.c. rating.

• Temperature stable, and low failure

rate coupled with longevity.



Output amplifier 1C

Type LM 1875

The LM 1875 from National Semi-
conductor is a monolithic output
amplifier that can provide up to
20 watts audio power of excellent

quality. It is housed in a TO-220
encapsulation in which you would
normally expect no more than a

small voltage regulator.

Maximum output power is 35 watts
into 8 ohms, but the distortion at

this level is no longer acceptable for

hi-fi purposes. At 20 W, however, the
harmonic distortion is only 0.05% at

1 kHz. The bandwidth is a very

reasonable 70 kHz, while the slew
rate of 8 V/ps is excellent for this

type of 1C. Other plus points are the
very good hum suppression of

94 dB, the thermal protection circuit,

and the short-circuit protection.

Further characteristics are given in

Table 1.

The LM 1875 has five connecting
pins: two for the supply voltages

(positive and negative), one for the

output, and two for the inputs

(inverting and non-inverting).

Two possible circuits are given in

figure 1: one with a symmetrical
supply (a) and the other for use with
an asymmetrical power supply (b).

Figure la is noteworthy for the
minimal number of additional com-
ponents required: two diodes, D1

and D2, for the protection of the
output transistors, high-pass filter

C5/R5, input filter C1/R1, negative-
feedback network R2/R3/R4/C2, and
decoupling capacitors C3 and C4,
The gain. A, is determined by
A = 1 + R4/R3.
The characteristics in figure 2 show
the total harmonic distortion, THD,
versus power output and frequency
and the power output versus the
supply voltage.

Because of its small dimensions, the
quality of the output, and the small

number of external components
required, this 1C is eminently suitable

for use in active loudspeaker
systems.

TO-220 Power Package (T)

Electrical Characteristics

Vcc = 30 V, —

V

EE = —30 V, TfAg = 2S°C. R E 8 Q, Ay 32 (30 dB). f0 - 1 kHz. unless otherwise specified.

Parameter Conditions

Supply Current POUT = 0W
DC Output Level

Output Power THD = 1%

THD P0UT = 20 W
Pout = 20 w. f„ = 20 kHz

pout = 30 w
p0UT = 30 w. f0 = 20 kHz

pout = 20 w. rl - 4 q
pout = 20 w. rl = 4 q. f0 = 20kHz

Offset Voltage

Input Bias Current

Min

60 100

30

-5

30

0.05

0.2 0.4

0.1

0.4 1.0

0.06

0.3 0.6

±5 30

-2 5

Input Sensitivity pOUT = 20 W. f0 = 20 kHz

Open Loop Gain

PSRR Vcc , 120 Hz, 1 Vrms

1

-VEE , 120 Hz, 1 Vrms

Max Slew Rate

Current Limit

Equivalent Input Noise Voltage Rs = 600 Q. CCIR

52

52

3

400
|

460
|

90

93

95 1

8

3

W
%
%
%

%
%

pA

pA

dB

V/ps

pVrms

Note: Assumes TTAb to 60°C max. For operation at higher tab temperatures and at ambient temperatures greater than 25°C,
the LM 1875 must be derated based on a maximum 150°C junction temperature. Thermal resistance depends upon device moun-

le 1. Absolute maximum ratings and electrical characteristics.
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Figure 2. Total harmonic distortion versus power output la); total harmonic distortion versus frequency lb); power output ver-
sus supply voltage (c); Internal dissipation versus ambient temperature Id).
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DIGITAL MEGGER
Arun Electronics have developed a new
insulation tester with digital readout.
This fully solid state unit does not
require any hand driven mechanism for
generating test voltages. The instru-

ment operates directly from the mains
supply and has built-in DC to DC
converters to generate the test
voltages.

The measurement ranges available are
20. 2000. and 10000 Megaohms
Linearity is claimed to be 0.1%
throughout the range

For further information, write to:

Arun Electronics Pvt. Ltd.

B—125, Ansa Industrial Estate.
Saki Vihar Road, Saki Naka.
Bombay 400 072.

For further information. *
Thermal Sensors
37, Electronics Complex.
Kushaiguda,
Hyderabad S00 762

MICRO ANALYSER
Electronumqrics have introduced EN
85, a system analyser for software
development, testing and trouble
shooting of 8-bit systems based on
8085, Z-80 etc.

The EN 85 is a compact unit with stand
alone capability and is useful for
manufacturing industries as well as in

field applications. This analyser
system is used to examine and modify
the memory locations, execute the
programme upto a particular address
and stop or step through a programme
one instruction at a time or one
machine cycle at a time.

For further information, writ
Electronumerics
Kammagondnahalli,

Opp. HMT Industrial Estate
Jalahalli (West)
Bangalore 560 015

For further information, write to:

SAI Electronics
Thakore Estate, Kurla-Kirol Road.
Vidyavihar (West). Bombay 400 086.

WIRE STRIPPER
Efficient Engineers have developed a
thermal wire stripper which gives neat,
clean and fast stripping of PVC and
Mafcon coated wires, flat cables and
Teflon coated cables.

This is an easy to use tool which does
not require adjustments for varying
wire diameters. It can strip wires with a
wide range of diameters. A strip stop
guide is provided to set the length of
insulation to be stripped. The unit
operates directly on mains supply

k

SOLDERING STATION
The SOLDEX soldering station has
been developed specially for soldering
micro electronic components like LSI
chips, MOS devices and other sensitive
components. The bit tip size range is

1.5, 2.5 and 3.5 mm diameter, for
precision soldering work. The const-
ruction is slip in type and provides easy
interchangability.

The station contains a soldering stand
and the bit is positively connected to
the earth pin of the power plug to
prevent static build up.

Nominal power consumption is 25
watts, but the circuit can draw upto 50
watts if necessary. The soldering iron
weighs 95 gms.

1 1 ICII ivZvi

For further information, write to:

Spectron Sales and Service Pvt. Ltd
63. Bharatkunj No. 2 Erandawane.
Pune 411 038.

RELAY SOCKETS
Essen Deinki now introduce two new
plug-in type relay sockets. The DS-08
is for 8 pin and DS-11 is for 11 pin
configurations. These sockets can be
snap mounted on DIN rail taking only
36 mm length of the rail. They can also
be mounted on chassis using two
screws. The body is moulded in flame
retardant glass filled thermoplastic
resin. Screw terminals are provided
with captive U washers for secure
wiring. Snap on receptacles can also
be connected to the spade termi-
nations after removing screws and
washers.

For further information,
Essen Deinki
386. Industrial Area,
Chandigarh 160 002

STEPPING MOTOR DRIVES
Spectron offers Ameya’ stepping
motor drives in 3 models.

The possible application areas are X-Y-
Z positioning and movement. Rotary
and linear indexing, Feeders and
length control, Flow control etc.

The range covers stepping speeds upto
5.000 steps/sec. driving upto60Kg-Cm
torque rated stepping motors.

Standard controlls such as Start/Stop,
Direction selection, Jog/Slew selec-
tion and Decleration Ramp and Linear
step-rate control etc. are provided.
Optional features are: Remote control.
Single or Tandem drives, Indexing,
Interface with microprocessor key-
board or Thumb wheel switches.
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For farther information, write to:

Suresh Electrics and Electronics

Manasarovar. 3 B, Camac Street,

Calcutta 700 016.

CLIMATE ANALYSER
Indoor Climate Analyser Type 1213 is a
handy, easy to operate, portable

instrument for evaluating all of the

basic parameters which influence the

thermal environment and its effect on
human life.

The analyser has a 20 character alpha

numeric display It has five transducers

which can measure air temperature,

surface temperature, radient tempera-
ture assymetry. humidity and air

velocity The measurements are

carried out and recorded automati-

cally Four different recording periods
of 1 . 6, 24. and 1 20 Hours are available

Measurements are spaced evenly
throughout the recording period and
the analyser can be left unattended.

DIGITAL MULTIMETERS
Digital Instruments Corporation have
introduced three new models of digital

multimeters. DM 520, DM 525, DM 555.

All the models have three and a half

digit, half inch LED/LCD display. The
measurement ranges are AC/DC
voltages from 200 mV to 600 V rms
AC/1.2 KV DC, AC/DC currents from

200 pA to 2 A and resistances from 100

milliohms to 20 megaohms. Input

impedance is claimed to be very high

Model DM 525 has facility for optional

external shunts. Models DM 520 and
DM 525 have very high accuracy in AC
measurement over the entire audio

range of frequencies, All models are

provided with autopolarity and decimal

points, they are fully protected against

overloads in all ranges

LINE FREQUENCY METER
The new line frequency meter from
JIVAN Electro Instruments is based on
the latest CMOS technology for high

stability and noise immunity. The
display is 4 digit, half inch seven
segment LEDs.

The resolution is 0.01 Hz and the

accuracy is claimed to be *0.1% of the

reading. The unit can be made
available in two ranges of 99.99 Hz and
999.9 Hz. High and low alarm facility

can also be provided.

For further information write to:

Digital Instruments Corporation
Near Tower, Saijpur Bogha
Naroda Road. Ahmedabad-382 345 For farther intormation. wri.

JIVAN Electro Instruments
394, G.I.D.C. Estate.

Makarpura.
Baroda 390 010.

CONTACT CLEANER

Kli-Nit Contact cleaner CT-2 is now
available with an extension for pin

point application on the inaccessible

electrical contacts. Kli-Nit contact

cleaner CT-2 when sprayed, not only

cleans the contact but also reduces
arcing as well.

The product is now available in 250 ml

and 350 ml aerosol containers to suit

the requirements of different users.

For farther intormation. write to:

Jost's Engineering Co. Ltd..

60. Sir Phirozeshah Mehta Road.
Bombay 400 001.

MINIATURE HIGH-V RELAYS
Kilovac Corporation have announced a

complete new range of miniature High-

Voltage relays. Available in SPDT,
SPST, fail-safe and latching configura-

tions. the range includes relays with

ratings upto 10 KV. The light weight
miniature relays are offered in low cost

commercial version and also in a

military version. They are suitable for

application in digital antenna couplers,

laser systems, medical instruments
and several other industrial appli-

cations.

PRESS CLIPS

SEE press clips have unlimited uses in

clamping applications They offer a

fast and easy way to hold cables and
wires. The clips are provided with an
adhesive backing for long lasting hold

and are available m full or half styles

Material used for manufacture is

clamed to be non conductive, non
corrosive and resistant to most com-
mon solvents, alkalies, dilutes acids,

petroleum oil and greases

For farther information, write

Toshni-Tek International

267, Kilpauk Garden Road.
Madras 600 010.

For further information. v

Hakotronics Pvt. Ltd..

Dadoji Konddeo X Marg.

Bombay 400 027.



copy lines 1000... 1100

between 150 and 170 with line

numbers from 151 to 161

line 151 ...THEN 1080

becomes. . THEN 159

line 120 ...THEN 1090

becomes. . THEN 160

line M0 -...THEN 1080

becomes. . THEN 159.

capacitance

meter
(March 1984. page 3-42)

The note in the margin on
page 2-55 is incorrect. It

Meter board:
PI sets the display to '0' in

P2 calibrates ranges a. b and

: display to 'O' in ranges

funny bird

(summer circuits.

Page 8-62

T1 is drawn erroneously as an

NPN type, whereas it is. of

course, a PNP type

FM pocket radio
(August/September 1984.

page 8-53)

Transistor T6 must be

BC 560C with the collector

connected to +6 V.

referred to is the potential dif-

ference between cathode and
grid rather than an absolute

burglai deterrent
(December 1984)

In figure 2 and the parts list

Depending on individual cir

sary to change this for a value

of 1 k/1 W.

ZX81 cassette

pulse cleaner
(November 1984)

The first paragraph of the text

states that a logic one is rep-

resented by eight pulses This

is incorrect: it should, in fact,

read nine pulses.

real time analyser
(part 1)
(April 1984, page 4-740)

The Voltage Regulators should

be type 7812 and 7912
aspect rvety as shown rn the

circuit diagram Where the

text and parts list read 7808
and 7809 this should be

corrected to 7812 and 7912 .

respectively Likewise, vol-

tages of *8V and -8V should

read «1 2V and - 12V

ohms In the last sentence

of the article the mention
of SI is incorrect it should

be S2

anodizing

aluminium
(October 1984.

Page 10-467

elabyrinth

April, 1984. Page 4-307

The last address and data

4?0 pF capacitor between

pins 7 and 13 of IC7 and to

ensure that C21 in positions

TELEPHONE and MODEM is

the unused sections of switch

S2.

digital tachometer
(October 1984. page 10-36)

The formula given in the last

part of the marginal note be

side figure 2 (page 9-471 is

not right. It should state:

f = 1/12.2 x C4 x (R5 + Pill.

The frequency range is then

688 1194 Hz.



classified ads. advertisers index

CONDITIONS OF ACCEPTANCE OF CLASSIFIED ADVERTISEMENTS

1 ) Advertisements are accepted

subject to the conditions

appearing on our current rate

card and on the express
understanding that the

Advertiser warrants that the

advertisement does not
contravene any trade act

inforce in the country.

2) The Publishers reserve the

right to refuse or withdraw any
advertisement.

Electronics Tools like Soldering Irons,

Pliers,, Cutters, Screw Drivers,

Tweezers at Competitive Prices. Con-

tact Aradhna Electronics (P) Ltd., 10,

Srinath Complex, Sarojinidevi Road,

Secunderabad 500 003.

4) The Advertiser's full name
and address must accompany
each advertisement submitted.

The prepaid rate for classified

advertisement is Rs. 2.00 per

word (minimum 24 words).
Semi Display panels of 3 cms
by 1 column. Rs. 150.00 per
panel. All cheques, money
orders, etc. to be made
payable to Elektor Electronics

Pvt. Ltd. Advertisements,
together with remittance, should
be sent to The Classified

Advertisement Manager. For
outstation cheques
please add Rs. 2 50
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COLOURVISION 51 33
COLOUR TV

For over 30 years, with high technology and sophistication in the field of

entertainment electronics. COSMIC in India has brought to the door step
Audio and Video equipment of international quality.

COSMIC has earned consumer confidence with unparallel technology, and
COSMIC now offers a COLOUR TV (51 cms.) which is almost beyond
comparison, without compromising in the quality or technological

advancement, but only in price.

COSMIC COLOUR TV stands up to any international standard. COSMIC
with high intensity picture tube, gives sharp and rich contrast picture with

fantastic visual definition.

COSMIC COLOUR TV with S.M.P.S. (Switch Mode Power Supply) is a shock
proof set with built in regulated power supply (1 60 Volts to 260 Volts) that

consumes less than 50 watts.

COSMIC COLOUR TV incorporates the HIGH GAIN TURRET TUNER to
receive transmissions in fringe areas. VIDEO IN/AUDIO IN capability to
connect any VCR. for better picture and sound quality. Also incorporates

AUTO DEGAUSSING CIRCUIT.

International quality created for India by CD5miC

i Utfvog Bhavan.


